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ABSTRACT

The two-microphone cross—spectral intensity method of measuring
acoustic intensity represents a new approach of determining the sound
power of a sound source but contains inherent limitations which must be
thoroughly understood before applying the measuring method in the field.
These errors of the cross—spectral intensity method can be classified in
terms of both bias and random errors, and if the cqherence between the
two recelvers 'approaéhes unity and the random errors are sufficiently
reduced by an appropriate amount of averaging by the FFT analyzer, the
bias errors are then considered to be the major contributor to the
deficiencies of the two-microphone intensity technique.

The purpose of this work is to experimentally investigate the bias
errors of the cross-spectral method of méasuring acoustic intensity
which are analyzed in the literature but not completely verified

experimentally and also provide a current review of the technique.

It was found, for the most part, that the empirical results

correlated well with the predicted bias errors. 1In the situation where
theoretical results were not available, the experimental evidence shows
that the acoustical scattering by the intensity probe produces only a
minimal amount of error when certain precautions are taken. Also, the
calibration procedures were analyzed, and recommendations for correct
application are presented. It was shown that the intensity can be
successfully measured in semi-reverberant and reverberant sound fields.
In general, the intensity technique performs well when qualifying a
noise source located in its nornai operating acoustic environment and

offers new adventures for many acoustical measurements.
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CHAPTER 1

INTRODUCTION

l.1 General Background and Research Objectives

The practical application of the two-microphone cross—-spectral
method of measuring acoustic 1intensity has recently gained great
popularity in the acoustics field, particularly in relation with noise
control. With the recent advances 1n electronics and digital signal
processing techniques (FFT dual-channel analyzers), the cross—spectral
intensity method has developed into a viable technique of measuring
sound intensity for the purpose of quantifying and ranking noise sources

in semi-reverberant spaces and in-situ (noise source in its natural or

original position for operation) while providing a useful and practical

supplement to traditional methods.

It has recently been reported that experimental results using the
cross—spectral intensity method compare favorably to existing'methods
for determination of sound power levels requiring special acoustical
facilities (15,25). For the cross—spectral intensity method to prove
successful, the calculation of sound power levels from a source in=-situ
should be in reasonable agreement with existing precision methods for
broad-band, narrow-band sound power determination.

The potential sources of error inherent in the two-microphone
cross—-spectral intensity estimation which limit the intensity
formulation when employed in empirical conditions are: (1) errors

associated with the digital signal ©processing (owing to the
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effectiveness of the FFT algorithm and process) of the cross—spectrum;
(2) a methodological error related to the developmental mathematical
approximation of intensity using two finite-pressure microphones; (3)
errors due to the deficiencies of the measuring instrumentation; (4)
errors from the acoustical scattering by the finite-size intensity
probe; and (5) errors influenced by the acoustic measuring environment.
In general, all used methods to measure the sound power of a noise
source (using either the intensity meter or special acoustical
facilities) have accuracy restrictions, and the precision of these sound
power measurement methods will be equilvalent only after understanding
the limitations of each.

The theoretical errors associated with the cross—spectral acoustic
intensity estimation have been well documented in recent 1literature
(58,61). Some experimental examination of these predicted errors,
particularly bias errors, has been accomplished. Because of the
necessity to fully understand the deficiencies related to the cross-
spectral intensity technique, an experimental investigation of these
errors was performed, and the results are presented in this study.
Also, the problem of measuring the intensity far from the source in a
seml-reverberant or reverberant acoustic environment was investigated,
and it was found that intensity measurements in such cases are feasible.
Because the classical sound power determination from sound pressure
measurements 1s not possible in the reverberant sound field, the cross-
spectral intensity method provides a favorable alternative of measuring
the sound power of a noise source in-situ while opening new realms for

rapid acoustical data aquisition.
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1.2 Brief Historical Background

Attempts to produce a viable sound intensity meter were tried as
early as 1932 when H.F. Olson (44) patented a method to measure the
system response to energy flow of sound waves using the difference
between the acoustic pressures measured at two closely-spaced pressure
microphones. In 1941, Clapp and Firestone (19) employed a combination
of two crystal pressure microphones and a ribbon velocity microphone to
measure sound energy flow. Then, in 1943, Bolt and Petrauskas (8)
applied the pressure-sum pressure-~difference principle between two
pressure microphones to measure the pressure and pressure gradient to
evaluate acoustic impedance of a surface. This was the first use of the
pressure-sum pressure-difference principle to produce acoustical

measurements from two closely-spaced pressure microphones.
1.2.1 Continuation with Pressure Sum-Difference Methods

In the next decade, interest 1in sound intensity measurements
diminished wuntil Baker (2) and Schultz (54) revived the intensity
measurement research with their own individual acoustic wattmeter
devices. Schultz made a thorough investigation into the performance of
a back-to-back, double electrostatic microphone transducer for measuring
sound intensity. Then Schultz, Smith, and Malme (55) were contracted to
investigate some aspects of intensity measurements in nearfields and
reverberant spaces, and later they described applications of Schultz’s
acoustic wattmeter to the calibration of an acoustic source in both an
anechoic and a reverberant enclosure (56). Other intensity meters were

tried during the early 70°s by Burger et al (9) and colleagues van Zyl
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and Anderson (66). Their conclu;ions suggested that the pressure~sum
pressure-difference principle may provide a better practical solution.
And indeed, this principle was used to develop an instrument for
measuring sound intensity and mapping intensity flow lines, as applied
to automobile acoustics, by Stahel and Lambrich (59) at Unikeller in
1975. Other significant investigations and applications pertaining to
this pressure-sum pressure~difference method of measuring sound
intensity were also accomplished by Fahy (25,26) and Pavic (47), and the
method has been described thoroughly in a recent report by Jacobsen

(33).
1.2.2 Cross—-Correlation and Cross-Spectral Acoustic Measurements

Applications of the cross-correlation coefficient (the Fourier
transform of a cross—spectrum function) between the sound pressures at
two points a distance Ar apart for acoustical measurements have been
studied since the early 1950°s by Cook and Waterhouse et al (20) and
Goff (29). At that time, it was predicted that the cross—-correlation
measurement could be wused to define the acoustical quality of a closed
room. Blake and Waterhouse (6), Bodlund (7), Schroeder, and others
continued this initial spatial cross—correlation work by employing the
cross—spectral density Dbetween two closely-spaced microphones to
understand the diffusion and energy density of reverberant and partially
reverberant sound fields.

The two;receiver cross-correlation technique was then applied to
noise source Iidentification which provided the initiative for cross-

correlation measurements between surface velocity and surface acoustic
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pressure to measure radiated acoustic power (30,31). After the success

of a surface acoustical intensity method wusing two transducers (a
microphone and an accelerometer) Fahy (24) presented the first
significant publication describing a method of evaluating the acogstic
vector intensity by measuring the imaginary part of the cross-spectral
density between two closely-spaced pressure microphones. Then Chung
(11,13,14), from General Motors Research Laboratory, provided important
practical application of the cross—spectral formulation using a modern
FFT analyzer.

There were initial problems with gain and phase errors between the
two-microphone systems used 1in sensing and recording the signals, but
adequate solutions to these phase and gain-mismatch errors were
presented by Chung (12), Seybert and Ross (57), and Krishnappa (35).
Récent applications of the'cross-spectral intensity technique by Chung -
et.al (10), Alfredson (1); Reinhart (52), and others have confirmed the
overall accuracy and effectiveness of the acoustic intensity method.
Though the experimental results appear encouraging, there are a number
of errors inherent 1in the intensity estimation procedure which very
recently have been theoretically analyzed by Thompson and Tree (61) and

Seybert (58).
1.2.3 Other Applications

Other applications of the two-microphone cross-spectral technique
are now in use or are being developed. In addition to noise source
ranking and identification, the procedure can be applied in evaluating

acoustic properties of materials in an impedance tube (16,17,57), to
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estimate ground-reflection characteristics (28,65), to measure structure
borne power flow (41,48,62), and eventually to problems in underwater

acoustics (60).

1.3 Scope of the Study

Chapter II describes the general theory of acoustic intensity as
related to the sound power determination of a noise source and compares
the standard éualifications in specialized acoustic environménts with
in-situ measurement methods.

In Chapter II1I, the cross—spectral technique'to measure acoustic
intensity by two closely-spaced microphones 1s discussed in detail.
First, the expressions for the active acoustic intensity developed in
Chapter II are combined with the 1linear wave equation to produce
approximations of sound pressure and particle veloctiy at a single point
in space with two closely-spaced sound pressures, and this is then used
to develop the cross—spectral intensity theory. Next, a description of
the physical set-up, data processing, and calibration for implementing
the technique is detailed. Then, the directional characteristics of the
two-microphone device and other possible higher~order receivers are
described. Also, limitations of the measuring environment as related to
the test facility used for all measurements are mentioned. Finally and
most important to this study, a general discussion of the random and
bias errors associated with the cross—spectral intensity method 1is
presented.

The next four chapters, Chapters IV to VII, develop the theoretical

expressions and examine the related empirical results of the bias errors
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mentioned in Chapter III. .Chapter IV describes a methodology bias error
inherent in the cross—-spectral intensity approximation. Chapter V
investigates the very important phase and gain-mismatch errors of the
measuring instrumentation. Then, Chapter VI analyzes the acoustic
scattering by the finite-size intensity probe. Chapter VII concludes
the study by examining bias errors from the measuring environment
(secondary sound sources and the reverberant sound field) and the
reactive sound field.

Chapter VIII provides a summary of the intensity technique employed
and states the.conclusions of the experimental results. Also, some

final comments on the subject and recommendations for future study are

presented.
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CHAPTER 2

MEASUREMENT OF SOUND POWER AS RELATED TO ACOUSTIC INTENSITY

2.1 Sound Power and Acoustic Intensity Expressions

Acoustic intensity is a vector quantity (power flow vector) which
describes sound energy flow through a unit surface S normal to the

direction of propagation in unit time. Thus, the acoustic power flow

passing through a surface S of a sound source can be determined by
integrating the normal component of acoustic intensity (In) over a

surface enclosing the source and expressed as

W(S,t) -ffs'i-d'g -ffSIndS . (2.1)

This fundamental relationship defines the total radiated sound power and
is the principle supporting the wusefulness of the concept of sound
intensity.

In a medium without mean background flow1 (the steady state sound
field), the vector intensity is equilvalent to the time-averaged product
of the pressure and the corresponding particle velocity (in the

direction of propagation) at the same location and 1s defined by:
T

2
T - Ln %fp(t)ﬁ(t)dt = <p(t)u(e)> ,

T
2

1 the acoustic medium is assume to be at rest, and the continuity of

sound pr~er appears as a consequence of energy conservation.
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where the pointed brackets denote time averaging. This product of two

real functions, sound pressure and particle velocity, averaged over time

EREEER= T ey et

represents the fundamental definition of acoustic intensity and can be

used to determine the radiated sound power over the measurement surface

enclosing a sound source at any distance from the source, even at the

surface of the source itself.

ES Y * S

;]' The acoustic intensity expression (2.2) accounts for the energy
transmitted (called the active or real intensity) in which one of the
two components of the farfield velocity is in-phase with the pressure.
However, when close to a radiating surface where the pressure and one
- component of the particle velocity are 90° out-of-phase, there will
exist a reactive field (energy fluctuations with zero-mean value 1in
: | time-space) in which some of the acoustic energy is stored. Therefore,
- the acoustic intensity may be described as a complex quaﬁtity, the real -
part of which represents the intensity radiated into the farfield and |
b . " the imaginary part of which represents hydrodynamic flow near the
source.
7| Using the acoustic anology for the complex power (60,64), the

‘ complex vector intensity is given by

I.(r) = }p (r,t)ur(r,t) (2.3) 5

: n
where pc(r,t) and uc(r,t) are the space-dependent complex pressure and

particle velocity, respectively, and the asterisk denotes the complex

conjugate. The complex intensity can also be written in real and

! imaginary parts as
!

Re I.(r) * $[p (r,t)ug(T,t) + pa(r,t)u (r,t)] (2.4)
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In I (r) = (3 [P(r,tlun(r,t) = pa(r,t)u (r,t)] (2.5)
c j pc ’ C ’ pc s c ] .
with
; I.(r) = Re I (r) + jIm I (r) , (2.6)
4 whereby the imaginary part becomes negligible when kr>>1, but when erl,
¥ the reactive field becomes appreciable.
ki In general, only the active acoustic vector intensity of a

sinusoidal sound field will be measured and written as

I(r) = dRe[p(r,t)u’(r,t)] , (2.7)

o maice——

which is the time-~average of the product of two complex sound field

'"{ quantities each oscillating with the same frequency but not necessarily

[ . in phase. This real quantity of sound intensity (Equatibn 2.7) can also

be expressed in the alternative form (39), using rms (root-mean-square)

| ) *  values for pressure and velocity, as

[ I(r) = §Ppmg(Trt)u,n (r,t) + py (r,E)uky (r,6)] . (2.8)

2.2 Sound Power Measurements from Specialized Acoustic Enviromments

Another useful form of sound intensity can be derived from the
previous vector intensity expression (2.7). Considering a traveling
wave in a uniform nonviscous medium of infinite extent (the free-field), ;
the far-field particle velocity is in the direction of propagation of
the sound wave, and the sound intensity is related to the mean-square {

pressure by

I, = p2 ' t
| r prms/pc (2.9) :
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where p and c are, respectively, the density of air and the velocity of
sound in air. The subscript r indicates the direction of wave
propagation, and because the plane wave pressure is in phase with the
velocity, pc 1s called the characteristic acoustic impedance of the
medium.

This far-field approximation of acoustic intensity (2.9) is a
convenient approach to eValuatg the sound power of a noise source
because it is only necessary to integrate the measured mean-square
acoustic pressures on a sphere (or a hemisphere) which is large enough
to ensure that far-field conditions are satisfied over this surface.
The method is very accurate and can provide information about the
directional characteristics of the source. However, this method of
determining sound power can only be accomplished in an anechoic
environment with far-field pressure measurements and cannot be used in
the acoustic nearfield of the sound source or 1in reverberant sound
f?elds.

The other acoustic environment used to determine the sound power of
a sound source 1is the reverberation room. Without going into detail,
the reverberation room sound power measurements can be performed using a
normal mode analysis or a statistical analysis of spatially averaged
mean-square pressures or a combination of both procedures. The normal
mode analysis is particulary appropriate for the low-frequency situation
but is not restricted to low frequencies. The statistical analysis

method is more useful for the measurement of sound power within the

medium and at high frequencies where it can be assumed that the sound
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% field is diffused (the sound field has high modal overlapping). Both
% methods should probably be used in determining the radiated sound power
fi of a broad-band noise source. Both measuring procedures entail a

significant amount of wmathematics, and considerable knowledge of

experimental accuracy is essential. There are very excellent and

extensive investigations into this subject of sound power measurement in

reverberation rooms (two recent comprehensive and cumulative references

on the subject are by Jacobsen (32,34)).

2.3 Sound Power Measurements In-Situ

The two environments of a free-field (anechoic) enclosure and a
reverberation room are used for sound power determination because only
{f . under these so-called well-defi;ed conditions can a general relation J
iﬂ between the sound power and the sound pressure exist. Therefore, when
‘}' sound pressure measurements are used to predict the sound power of a R
source in its normal physical 1location for operation (in-situ), many .
environmental acoustic problems may result. The radiated sound power |
can, under certain in-situ conditions, be estimated from sound pressure
measurements on two (or three) surfaces surrounding the source at
different distances, but not all in-situ pressure measurements may be
used for calculating the sound-power level of a noise source. Only by %
satisfying prescribed qualification procedures which provide that the

measurements are not contaminated by the reverberant field, extraneous

noise, or nearfield pressures may the data be considered as accurate.

Because the investigator has 1little control over the acoustic

environment enclosing the sound source, the sound-power levels received
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from the in-situ sound pressure measurement methods are usually
unacceptable.

In the noise control field, there is the necessity for in-situ
sound power measurements because it may be impractical to determine the
sound power of a noise source from special facilities, such as an
anechoic room or a reverberation chambgr. The accuracy of sound power
via in-situ sound pressure measurements has been previously established
as undesirable. Therefore, the logical approach to in-situ sound power
measurement would be to use the exact method of integrating the time-
averaged product of the instantaneous pressure and particle velocity
(the vector intensity) over a surface. This method of determining sound
power, in principle, is rigorous with accuracy limited by the number of
intensity measurement positions and imperfections associated with the
sound intensity measurement technique. Because sound intensity is a
vector quantity (indicates the direction of energy flow), this method
will work for all outgoing waves from a noise source under test,
irrespective of the environment. If the enclosed measuring surface
contains negligable absorption, noise sources outside this surface will,
theoretically, not affect the measurements (provided that the noise is
steady, which may be questionably). Also, 1in contrast to pressure
measurements, the intensity measurements take into account the phase
difference between pressure and velocity, thus making measurements in
the nearfield of the sound source feasible which, furthermore, results
in the possibility for noise source identification. For these reasous,

the intensity method is very suitable for approximating the sound power

of a noise source in-situ.

i
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Next it will be established that the imaginary part of the cross-
spectrum between two closely-spaced microphones is proportional to the
vector intensity of sound. With the advent of dual-channel FFT
analyzers, the cross-spéc:ral measurements required in evaluating
acoustic intensity can be easily realizable and therefore, provides a
viable technique of estimating the sound power of a in-situ noise

source.
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CHAPTER 3

THE CROSS-SPECTRAL INTENSITY TECHNIQUE

3.1 Approximation with Sound Pressure Values in Closely—Spaced

Locations

The relationship between the vector acoustic intensity and the
sound pressure and particle velocity is derived from the statement of
Newton”s second law (the first-order equation of motion). This linear
wave equation with zero-mean (medium) flow relates the particle velocity

and acoustic pressure gradient in the following manner:
pau(x,y,z,t)/a s -grad p(x,y,z,t) [three~dimensional equation] (3.1)
t

and

pau(x,t)/ . -ap(x,t)/ [one~dimensional equation] (3.2)
ot ox

where grad p(x,y,z,t) denotes the pressure gradient of p(x,y,z,t). This

equation of motion in the r-direction of velocity can then be written as
pau,_.(r,t),at . -ap(r.t)/ar . (3.3)

The particle velocity can be estimated by integrating the one-

dimensional acoustic pressure gradient as

t
ugr,0) = = [oap(r,e) ), dey (3.4)

where the lower 1limit - indicates the moment pertaining to the

beginning of the measurement. This equation (3.4) 1s the basis for




e

T N T

At ab a4

Y AR LB e i - s 7P A

‘l

16
describing the 1nteﬁsity 6f sound as related to the time-averaged
product of pressure and particle velocity (Equation 2.2).

Next, consider the acoustic pressure at two points, r, and r,,
separated by the distance Ar (Ar-rz-rl) in the r-direction. The
pressure gradient ap(r,t)/ar can be approximated by the pressure
difference divided by Ar (the physical spacing between two acoustic

pressure points), noting that this assumption will be valid if Ar is

small compared to the shortest wavelength of interest, xmin « With this
in mind, the pressure gradient can be written as
ap(r.t)/ar = [p(ry,t) - 1:(1-‘1.t)]/Ar
= (t) = (t) 3.5)
[P2 P1 ]/Ar (

where the notations pl(t) and pz(t) are the complex pressures measured
at microphones 1 and 2, respectively. .

The component of particle velocity midway between two closely-
spaced microphones in the direction of the first microphone to the
second microphone can be approximated by substituting the pressure
gradient estimation (Equation 3.5) into the linear equation of motion

(3.4), resulting in the particle velocity

t
8(r,t) = ~ghz [ [py(ty) = py(ep)]de; (3.6)

with 4, (r,t) = ur(r,t) for Ar<< Amin . The circumflex symbol (*)
denotes an estimated value of the quantity.
Similarly, the corresponding approximation for the acoustic

pressure midway between two closely-spaced microphones is given by

B(r,t) = ¥p(ry,t) + p(ry,t)]




Fogn ek ¥ L

RN

i S et

[REPPOP e, Y. SRS WONORN Y Ly

- AY

- A AT A .t A AT e AP S LA o o5 A Al b AT
. e ». >

17
« $py(£) + py(t)] . (3.7)

These expressions for the acoustic pressure (3.7) and particle
velocity via the pressure gradient (3.6) can be substituted into the
equation for radial acoustic intensity (2.2), resulting in an intensity

estimation of the form

- ' t
I, = -Ek? <B(r,t) [ Ipa(ty) = py(ty)]dep>

oy t
I, = =5 2m <[p1(£) + pa(6)] [ Ipp(t)) = py(eplde> o (3.9)

-
The intensity meter using the pressure—-sum pressure~difference principle
was developed based on the Equations 3.8 and 3.9, but no additional
details of this particular device will be discused. Further information
in the literature pertaining to this specific subject can be obtained in

other references (26,33).

3.2 Development of the Cross-Spectral Intensity

The formulation of the cross~spectral acoustic intensity method has
been developed extensively in the literature by Fahy (24,26), Chung
(11,13), Jacobsen (33), Okubo (42), and Reinhart (52). All of their
respective mathematical formulations associated with the cross—spectral
intensity technique are 'derived by slightly different, but all valid,
procedures. Therefore, an indifferent approach to the development of
the cross—spectral intensity method will be accomplished which will be
theoretically equal to the others.

Beginning by substituting the general expression
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' t
z(t) = [ p(t))dey (3.10)

=00

into the acoustic intensity estimation (Equation 3.9) developed in

Section 3.1, the estimated intensity can be rewritten as
ir . -{(pl(t)zz(t)>+<p2(t)zz(t)>-<p1(t)zl(t))-(pz(t)zl(t)>}/2p5r.(3.11)

The cross-correlation function between the two general random

processes x(t) and y(t) is defined as
Rey(T) = <x(t)y(t + 1)

-k f Sxy(w)eijdw , (3.12)

-

where Sxy(m) is the cross-spectral density function between the two
processes x(t) and y(t).

If it is assumed that T = 0, which would be true if there is no
time delay between the two closely-spaced microphone receivers, then the

general cross—correlation kernel (Equation 3.12) can be expressed as
Rey(0) = <x(t)y(t)>

= 2% [ Spy(wdu .  (3.13)

-0

The resulting expression for acoustic intensity (3.1l1l), using the

general cross—correlation function between x(t) and y(t), becomes

I, - ~(Ry 5, (0) + Ry, (0) (0) (3.14)

- R - R 0
P2Z3 P12} T )}/szr ’

where Rplzz’ szzl are the respective cross-correlation functions and

RPlzl’ szzz the respective auto-correlation functions between p1(t),

zl(t)’ Pz(t), and zz(t)'
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Taking the Fouriler transform of the general expression (Equation

3.10) for z(t),1 it follows that
Sez(w) * gd Syyw) - (3.15)

Using the corresponding cross—spectral density functions for RP122’

szzl and the corresponding auto-spectral density functiomns for Rplzl’
szzz; the estimated acoustic intensity (Equation 3.14) can be
represented as

ir = ir(w)-dw
* g5t [ (Spyp, () + Sp, (@ = Sp (W) - Spypy (W}/ 4,0 (3:16)

-0

and rewritten as

(w)

Py (3.17)

I.(w = -{Sp1P2(w) + spz(w) =S - szpl(m)}/ijpAr )

Since pl(t) and p,(t) are real functions, then

S (w)

P1Py (w) . (3.18)

IS*
P2P1
Using the mathematical manipulation of
*
(A-A) =2jIm A,
the intensity estimation is then expressed as

Ir(w) = -[sz(w) - Spl(un + jZIm{Sp (3.19)

2pl(w)}]/zjprr .

1 this will be true 1f the transforms do indeed exists and S(w)/w is

bounded at w = 0.
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The intensity estimate will consist of the real part related to the

in-phase component of pressure and particle velocity,

(3.20)

Re(ly(w) * TalSyp Wl

and an imaginary part, expressing the product of the out-of-phase

.components called the reactive intensity,

Im{I (W)} = IIM(w))- {sz(ao - Spl(m)},zmpAr . (3.21)

For practical applications, the measurement of the acoustic
intensity using Equations 3.20 and 3.21 will be performed by a real-time
FFT spectral analyzer. Therefore, the one—-sided cross—-spectral and
auto-spectral density functions will be more appertainable and are
related to the two-sided cross-spectral and auto-spectral densities (4)

as

25, 5, (W) = Gy o (W) = Gpp(w) (3.22)

Zsplpl(w) - Gplpl(m) -‘Gll(w) (3.23)

The one-sided cross—spectral density can now be placed into the

real intensity estimation (Equation 3.20) to form the expresssion

1.(f) = R CTIC VAN (3.24)

which shows the estimated real acoustic intensity as a function of the
imaginary part of the cross-spectrum between two closely-spaced
microphone receivers, and if G12(f) is converted for rms quantities, Ehe

intensity expression will be

L(6) « ~TalGyp(D]y, - (3.29)
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3.3 Implementating the Technique

Basically, the cross—spectral intensity technique requires two
measuring microphones of any type, their associated electronics (cathode

followers, power supplies, pre—ammplifiers, and optional filters), a

Fourier dual-channel spectral analyzer to perform the cross—spectral
operation, and a computer system to collect and manipulate the cross-
spectral data into intensity form (unless a programmable spectral
analyzer is used). The measuring instrumentation must have good
stability characteristics to retain circumscribed amplitude and phase
factors, a 'wide dynamic range to giQé an acceptable signal-to-noise
ratio, and - a broad frequency response to provide a sufficient spectral

bandwidth for the measurements. In addition, the two measuring

microphones must have small physical dimensions (the microphones can

then be closely spaced) and should have omnidirectional responses. All
of these requirements are necessary to assure precision of the intemsity
measurements.

The actual implementatio-~ of the intensity technique with the
equipment mentioned can be an arduous and non-trivial task. Many
practical problems must be resolved before the cross—spectral intens}ty
theory can be experimentally applied. Therefore, the followirg sections
describe in detail the physical setup of the sysitem, the developmental
software for data processing, and the calibration of the intensity

measurement technique utilized in this work.
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3.3.1 The Physical Setup

The 1instrumentation system used to ‘1mp1ement the cross-~spectral
intensity technique is diagramed in Figure 3.1. The pressure measuring
system consists of either a randomly-selected pair of Bruel & Kjaer
(B&K) 1/2" microphones (model 4133) or a pair of specially-chosen

“phase-matched” B&K 1/4" microphones (model 4135) and their necessary

electronics; B&K cathode followers (model 2619) and a B&K two-channel

power supply (model 2807). The electrical signals representing the
measured sound pressure were amplified by Ithaco pre-amplifiers (model
453) and optionally filtered by coupled Ithaco filters (model 4113).
The two amplified signals were then processed by a Spectral Dynamics
SD360 dual-channel spectral analyzer consisting of an analog-to-digital
(A/D) converter, an X-Y display unit, and the FFT processor. All of the
brocessed cross-spectral data from the spectral analyzer were stored in
a DEC (Digital Electronics Company) PDP-11/34 computer system with help
from a software package provided by Spectral Dynamics, the Annotated
Graphics Package (AGP). This cross—spectral information could then be
manipulated into acoustic 1intensity data by other Fortran software
developed by the author and later displayed on a CRT graphrics terminal
(Tektronix 50006—1) or plotted on a digital plotter (Tektronix 4662).
The intensity probe used for all measurements, consisting of either
the 1/2" or 1/4" microphone pair and the device to hold the two
microphones, is shown in Figure 3.2. Typically, the two cylindrically-
shaped microphones were placed 1in parallel with their respective
membranes in one plane. The microphone holder was a small rectangular

aluminum "block” (25x28x76 mm) with two adjustable microphone mounting
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a B&K B&K Ithaco
- Cathode Power Pre-Amplifiers
Followers Supply And Filtering 3
Model 453 ;
O—. Model 2619 |— —_gulModel 2807 |—aem 4
3 Model 4113
-1 B&K
*' Microphones
# (Model 4133 or 4135)
:
& Model 453
,- O___, Model 2619 | giModel 2807 | ___g
| | Model 4113 j
£
i Tekronix
Graphics
Terminal (CRT)
i)
{ . Model 4006-1|egm— | c A/ Dter '
: Model onver f—
- . PDP-11/34 [*® Spectral
Analyzer
M|
; DEC Computer Spectral Dynamics
: Model 4662 ' Dual-Channel
! Analyzer
; Tektronix , Model SD360
,‘ Digital
. Plotter

| Figure 3.1: Instrumentation Used to Implement the Cross-Spectral
Intensity Technique
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brackets for variability of the microphone separation distance. This
two-microphone configuration 1is probably the most practical and most
commonly used arrangement to date because these high quality microphones
are physically easy to mount and are usually availablé in a noise
control laboratory.

Other more complicated microphone configurations are used for
acoustic intensity and power flow measurements by various people
(1,33,49). The Bruel & Kjaer Company even provide their own version of
the intensity probe (51) with the B&K Sound Intensity Analysing System

(Type 3360).
3.3.2 Processing the Cross-Spectral Data

Developing the method of measuring acoustic intensity from the
cross—-spectrum between two microphone receivers requires transferring
the cross—-spectral data from the SD360 spectrﬁl analyzer to the
computer, storing the data in the computer, and manipulating this
collected data with the computer. Spectral Dynamics does provide a
basic graphics program, the Annotated Graphics Package (AGP), which
supplies the system operator of the DEC PDP-11/34 computer the
capability to remotely program and execute all the SD360 spectral
analyzer hardwired functions. The AGP software gives the operator the
ability to transfer the cross—spectral data (prospective intensity data)
or any data from the specified functions (mathematical operations) of
the analyzer to the DEC computer for storage and plotting.

The limitatioﬁs of the AGP software is two-fold: only twenty-f‘ve

individual data files can be stored at one time and most important, the

o

diatea
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raw cross—spectral data which have been stored cannot easily be retrived
for further processing into the intensity data of interest. Therefore,
it was necessary to locate or develop additional software which would
give the operator the ability to access the raw cross—spectral data that
have been transferred from the SD360 spectral analyzer (via the
annotated graphic¢s program).

At first, it was thought that this additional software could be
easily acquirred from the software-developing personnel at Spectral
Dynamics or another facility requiring similar operation of the same
equipment. After a lengthy time period of searching without success for
the needed software, the software was finally developed by a hired
programing specialists (Lynn Rothrock) and a fellow graduate student
(Gary Elko).

To develop this additional data acquisition software, the complete
source listing of the AGP software was required. From this AGP source
1listing, the specific file name (DSPDAT.DAT) containing the processed
data words from the spectral analyzer was located. Then these data
files of the AGP could be opened for direct access of the twenty-five
stored data files. This gives the operator the capability of recording
a large number of individual data blocks onto the computer as easily
excessable file names for further processing, independent of the AGP.
It should be also noted that the individual data words which represent
measured data values from a specified function (mathematical operation)
of the spectral analyzer are represented as ascending linear numbers.
This fact will be useful in the development of the calibration technique

used in the acoustic intensity process (Section 3.3.3).
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3.3.3 cCalibration

Acoustic intensity must be calibrated to a known reference source
before absolute 1intensity 1levels can be measured in an acoustic
environment. All acoustic intensity calculations were performed with
the aid of the SD360 spectral analyzer, the AGP software on a DEC
computer, and the additional processing software mentioned earlier
(Section 3.3.2). The calibration of acoustic intensity then could be
accomplished by understanding the format representing the data received
from the spectral analyzer. The output data from the mathematical
operation “Forward Transform” of'the analyzer were received as 1024 data
words with the first 512 data words representing the sound pressure
spectrum (the autospectrum). The output data from the mathematical
operation “Cross-Spectrum” were received also as 1024 data words in
which the last 512 data words represent the imaginary part of the cross=-
spectrum. All the output data words (either forward transform or the
cross—-spectrum) were represented by ascending linear scaled numbers
which relate to but were not equilvalent to the numerical values (dB or
linear) exhibited on the spectral analyzer”s LED display control.
Therefore, the logical approach for calibration of a sound source would
be to place a known absolute signal into the spectral analyzer and
receive an absolute output linear value in which all other output linear
amplitude values will be relative to.

A pistonphone sound source and a calibrated sound level meter were
the two choices when calibrating absolute sound pressure levels The
pistonphone”s sound pressure level was found to be somewhat unstable,

and the frequency of the pistonphone”s sound pressure amplitude varied
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slightly with individual mictophones.2 One also must be concerned with

the inaccuracies introduced by the resolution bandwidth of the spectral
analyzer whereby minimum errors occur when the resonance frequency
coincides with the band centre frequency (63). Therefore, it was
decided to use a precision sound level meter to calibrate the equipment.
Locating the microphone of the sound level meter in the direct field of
a smooth stationary sound source, a flat diaphragm mid-range loudspeaker
from Technics (53), a known arbitrary sound pressure from a stable pure
tone input (stable in both amplitude and frequency) at 1200 Hz was used
as the absolute input signal to the spectral analyzer. The 1linear
output value processed from the analyzer and representing this absolute
sound pressure input signal could then be used to scale all other linear
output values from any arbitary sound pressure level.

For calibrating the two-microphone cross—spectral acoustic
intensity, both microphones were adjusted for equal output response to
the same sound pressure input. The free-~field acoustic intensity at the
midpoint between the two microphone receivers could therefore be
estimated from knowing the absolute sound pressure 1level at each
respective microphone 1location. Placing the two-microphone intensity
probe at the exact location that was used to calibrate the sound
pressure level, the cross—spectral measurement was performed using the
same 1200 Hz pure tone. The 1linear output value representing this

absolute sound intensity (from the cross-spectrum) could then be used to

2 the B&K pistonphone is rated at 124 dB (+0.2 dB) at a calibrated
frequency of 250 Hz. The pistonphone”s frequ=zucy :sed for these

measurements varied between 246 Hz and 247 Hz.
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scale all other linear output values representing any arbitary sound
intensity level.

It was necessary to choose the reference frequency value of the
pure tone input signal at a high enough value whereby any phase mismatch
between two microphones would not bias the absolute intensity
approximation (discussed in Chapter 5). Also, a low enough reference
frequency value was choosen to prevent any significant bias error due to
the finite~difference approximation between two microphones (discussed
in Chapter 4). Because of these two factors, the pure tone of 1200 Hz
was used as the reference input signal for calibration of acoustic

intensity.

3.4 Directional Characteristics

The two-microphone acoustic intensity device 1is considered ﬁo be a
sound receiver of the first—order3, which results when two receivers of
the zero-order, having the same sensitivity, are placed a distance Ar
apart in space, so that the voltage produéed is proportional to the
pressure difference (pz-pl) where P and py are tye pressures acting on
each of the zero—-order receivers. The microphone separation distance of
Ar will only be realized if the propagating wavefront of sound flows

perpendicular to an imaginary line connecting the two closely-spaced

microphones. For the other directions of an incident wave, this

3 a zero—-order (omni-directional) receiver 1s an electroacoustic

transducer which transforms an incident sound wave into a voltage
approximately proportional to one of the parameters of the incident

acoustic wave, such as sound pressure (37),
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imaginary line connecting the points 1 and 2 of the corresponding
microphone pressures p; and Py actually makes an angle © with the
direction of sound-wave propagation (see Figure 3.3, the normalized
linear and logarithmic directional responses). Therefore, the
centerpoints of the microphone diaphragms are separated by a distance
Arcos® in the direction of the propagation of an incident sound wave,
and this gives precisely the cosine dependence wupon the angle of
incidence which 1is characteristic of the pressure gradient and
congsequently the two-microphone intensity device.

Because the acoustic intensity device 1is a directional microphone,
this first-order sound measuring meter will have a definite advantage
over the zero—order receiver when measuring a noise source in-situ.
Where the omni-directional microphone would be influenced significantly
by the reactive sound field, by other secondary (contaminating) sound
sources, and the reverberant field; the two-microphone intensity device
should be better capable of measuring only the energy flux transmitted
(the active sound field) while rejecting, for the most part, any
contamination from secondary sources and the reactive sound field. Note
also that the sensitivity of the velocity function at 8s180° of the
first-order receiver 1{s the same as the velocity function at 8=0° but
opposite in sign. Therefo:e, this intensity measurement technique can
thus be able to delineate and quantify the real energy flow and the
direction of the energy flow.

It may be useful to have a more pronounced directional
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Figure 3.3(a): The Normalized Linear Directional Response of the Two-
Microphone Acoustic Intensity Device
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Figure 3.3(b): The Normalized Log Directional Response of the Two-
Microphone Acoustic Intensity Device
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characteristic for the acoustic intensity device. A second-order

4

receiver® consisting of four equally and closely-spaced zero-order

receivers will have a directional characteristic (as related to the

pressure gradient) which is proportional to c032

® where 8 1is an angle
the propagating sound-wave makes with an imaginary 1line connecting the
points 1,2,3,4 of the corresponding microphone pressures (see Figure
3.4, the normalized linear and logarithmic directional characteristics
in a plane containing the acoustic axis of the receiver). It is then
apparent that compared with first-order receivers, the second—-order
receivers show a more pronounced directional effect. It is of interest
to note that for 6=180°, the sensitivity of the velocity function is the
same as for 9=0° (cosz(ie) always has a positive value). Therefore, th;
second-order receiver, in contrast to the first-order receiver and as
far as the. phase of the output voltage is concerned, does not
distinguish between the sound waves coming from_the front or from the
rear.

It should be noted that the theory for the directional
characteristics of the first and second-order receivers was derived
under the assumption that the receiver is a point body, and will only be
approximately true in practice 1if the dimensions of the receiver are
considerably smaller than the wavelength of sound in the medium in which
the receivers are placed. Also, for the first-order and second-order

receivers to have the directional properties shown in Figures 3.3 and

3.4, the zero-order receivers that comprise these higher-order receivers

4 a second-order receiver will result if two first-order receivers are

connected so that the difference of their output is obtained (37).
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must have omni~directional characteristics over the measurement

frequencies of interest.

3.5 The Testing Enviromment

The estimation of the acoustic intensity of a specific source
developed 1in Sections 3.1 and 3.2 fails to accurately describe the
acoustic intensity through the measurement point if there is the
presence of a strong reverberant field or a significant amount of
background noise.

The cross—-spectral intensity data of a specific sound source in-
situ may be influenced by secondary acoustic sources (background noise),
especialiy if there are a number of contaiminating sources and their
sound levels are similar to or gfeater than that of the primary sound
source. Also, the reverberant acoustic field of the measuring
environment 1s yet another detriment of the intensity measurements
because the estimation of the pressure and pressure gradient by two
separate pressure measurements can not accurately specify the sound
field.5 In the case where there is the presence of a reactive intensity
component (in the very nearfield of the source), the resulting intensity
expression involves not only the imaginary part of the cross—spectral
density but also the " difference between the autospectrums of the two

microphones (41).

5 note that in a perfectly diffused reverberant field, there would be

equal probability of energy flow in all directions, and the acoustic

intensity would be theoretically zero (32).
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It 1is clearly advantageous to locate the enclosing measurement
surface 1in the direct field of the sound source away from sound
reflectors and secondary acoustic sources. Therefore, a free-field
acoustic environment (an anechoic room) would be the most suitable
location to investigate other errors of the cross-spectral intensity
method which are unrelated to errors from the complex measuring
environment (errors of the intensity technique from the reverberant
field and secondary sources are separately discussed in greater detail

in Chapter 7).

3.6 The Test Facility Used

All the equipment  necessary for these acoustic intensity
measurements was located in a quiet work area of The Applied Research
Laboratory. Therefore, it was predicted that this laboratory room could
be suitable for the intensity measurements, and an anechoic room (a
free-field acoustic environment where ome can assume little interference
from sound reflections and background noise) would not have to be used.

The room constants (representing the room”s absorbing power) and
corresponding critical distances (the distance from a sound source one

must be to assure that the direct field predominates) were calculated

from reverberation time measurements (T6o) in order to understand the

acoustical characteristics of the test area used for the intensity
measurements (Figure 3.5(a)). The laboratory room (dimensions shown in
Figure 3.5(b)) was found to be a rather low-reverberant room in which
intensity measurements in the direct field of a sound source could be

-

accomplished without interference from the reverberant field or
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T60 1/3 Octave Room Critical
No. | (Ave.) Frequency Constant Distance Q
1) 1.02 sec. 80 Hz 550.3 3.31 f¢t. 1
2) .75 sec. 125 Hz 748.5 3.86 ft. 1
3) .56 sec. 250 Hz 1002.4 4.47 ft. 1
4) .51 sec. 500 Hz 1100.7 4.68 ft. 1
5) +46 sec. 1000 Hz 1220.3 4.93 ft. 1
6) .46 sec. 2000 Hz 1220.3 4.93 ft. 1
7 .42 sec. 4000 Hz 1336.5 5.16 ft. 1

Figure 3.5(a): Acoustical Characteristics of the Laboratory Room Used
for the Acoustic Intensity Measurements
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Figure 3.5(b): Physical Dimensions of the Laboratory Room Used for the
Acoustic Intensity Measurements
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nearfield. The background noise in the room was somewhat significant
but still acceptable for these measurements. Therefore, all of the
acoustic intensity testing was conducted in the forementioned laboratory
room with the two-microphone probe arranged normal and on—-axis to the
primary sound source at a distance which was in the direct field but not
near any significant sound reflectors (except in the case when results

in the reverberant field or with reflectors were done purposely).

3.7 Statistical Errors of the Technique Employed

The errors of the cross—spectral intensity method can be classified
statistically as both bias and random errors (where acoustic intensity
is a random process). The random (variance) errors are a direct result
of the averaging operations performed by the FFT processer with a finite
number of sample records N or over a single sample record of finite
length T (finite averaging time). The bias error is a systematic error

that will appear with the same magnitude and in the same direction from

one intensity analysis to the next.

Random errors of the cross—spectral intensity measurements have
only very recently been documented by Seybert (58) and Pascal (46).
Without going into the development detail, Seybert derived a first order

approximation equation of the normalized standard error E(i) as

(1) = (%d)i

2 2
+ cot®Py , {1-Y],(£)} ]}, (3.26)
cot Py12117M12 I2v2,(8)

1
Ui

where ny represents the number of data samples performed, Y%Z(f) is the

coherence function between the two receivers, and ¢12(f) is the phase
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angle between the two pressure receivers, in the direction of wave
g propagation, for a microphone separation distance Ar. For " high-
frequency measurements (large phase angles), the normalized standard

error approaches the value -

.

For low-frequency measurements (small phase angles,, the normalized

standard error is dominated by the second term of equation (3.21)
containing the phase angle ¢12(f). At high frequencies, the normalized
j,l standard error can be made sufficiently small by appropriate selection

of the number of data samples (nd). However, 1f the coherence is low
X (which can be true for measurements in the testing environment with
¥ substantial background noise and/or a strong reverberant field), the

normalized standard error will be quite large. Typically, if the

suggestions in Section 3.5 pertaining to the measurement of a sound

. .

source in-situ are practiced and a large amount of averaging by the FFT
analyzer 1is used, the random error of the cross—-spectral intensity
method can be significantly reduced. Therefore, the bias errors are

considered to be the major contributor to the deficiencies of the cross-—

spectral intensity technique, and these bias errors are analyzed in the

remainder of this work.
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CHAPTER 4

FINITE DIFFERENCE APPROXIMATION

4.1 Description of the Methodology Error

The finite-difference approximation in acoustic intensity

measurements results in a systematic error associated with the
approximation of the local pressure gradient and pressure by finite—sum
f{ and difference quantities as expressed by the Equations 3.5 and 3.7.

i The bias error due to the developmental finite-difference approximation
& can be expressed in terms of a Taylor series expansion of the pressure
gradient and pressur? about a finite distance (iAi) from a reference
position r midway between the two measuring microphones. Therefore,

i . considering a pure-tone sound field, the signals from the two

microphones represent the one-dimensional pressure at the positions

(r+Ai) and (r-Ai) and can be expanded into a Taylor series to obtain the

expressions (omitting the time function ejwt)

P(r+A§) = p(r) + (As)P'(r) + %(Ai)zp"(r) + %(A§)3P"'(r) +.o. (4-1).

B and ' ﬂ

p(r-Ai) = p(r) - (Ai)p’(r) + i(Aﬁ)zp"(r) - %(Ai):*p‘"(r) + ... (4.2)

whereby p“(r) denotes the partial derivative ap(r)/a , etc. . It
r
follows that the pressure-sum and pressure-difference equations are

redefined as

JIp(r+ag) + (p(r=25)] = p(r) + §<Ar)2p"<r> +.e (4.3)

&
|
;
|
{

l
l
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:
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and

P(rtp) = p(r-§) = (r)p™(D) + 2%(Ar>3p"’(r) Feee . (4.8)

Placing these pressure-sum and difference expressions (4.3 and 4.4) into
the estimated intensity equation developed in Chapter 3 (3.9) and using
the exact expression for the acoustic intensity (2.7), the fractional

error of an intensity approximation can be expressed as1

I(r) = I(r) - Im[p (£)p"""(r) + 3p~(£)(p""(e))" +

+ higher-order cermsJ(Ar)§4802ﬂf . (4.5)

It is evident that the error of the intensity estimate depends strongly
on the sound field being investigated, and it 1is not possible to correct
for the error without a rather detailed knowledge of the sound field.
Thus, the physical reason for a finite-separation error is that the
second or higher-order spatiai de¥ivatives of the mathematical expansion
of pressure and pressure gradient are significant and can not be
ignored. Therefore, the sound field can not be accurately specified by
only two separate pressure measurements. This situation can arise
either because the microphone separation distance is not small compared
with the acoustic wavelength of the incident sound wave, or because the
microphone pair is too close to a non-idealized complex-radiating sound

source.

1 this Taylor series expansions for the intensity method with two-

microphones is developed more thoroughly in other references

(24,33,42,47), and only the final result is presented here.
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Using the acoustic model of a progressive plane sound wave (pure-
tone) propagating in the direction of a line joining the two microphone
positions, the intensity estimate 1s related to the actual intensity by

the expression (33)

Ip * TlsinCkear), ] (4.6)

where k 1is the wavenumber for sound apd equal to 2ﬂf/c. It 1is then
intuitive that the greatest accuracy of the finite difference occurs
with the smallest microphone separation, and the acoustic intensity is
underestimated. Therefore, it should be possible to compensate for this
bias error of the intensity measurement with a correction factor
equilvalent to the finite-difference approximation for a finite two-
microphone geparation. Some of the empirical sound intensity data in
this work compensates for the bias error induced by the finite-
difference approximation but only as related to a simple plane-wave
propagation of sound. Unfortunutely, noise sources encountered in
actual in-situ measurements wusually consist of more complex sound-
radiation patterns which may complicate using a correction factor for
realistic acoustic intensity measurements.

A very recent paper pertaining precisely to this subject of finite-
difference approximation errors in acoustic intensity measurements
(reference 61 with corrections in reference 23) containg theoretical
development describing the errors from not only a simple point momnopole
source but also for the dipole and a lateral quadrupole point sources.
Both the dipole and quadrupole sources have a more complicated nearfield

than the single monopole whereby the radiating sound field is not purely
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radial, and the reactive energy 18 relatively ' large Aand more
concentrated near the axis. An expression similar to the plane-wave
error equation (4.6) for the estimated acoustic intensity as related to
the actual intensity for a point monopole source (61) is

I, - Ir[sin(kAr)/(kAt){rzlrlrz}] (4.7)

s kA 1 5.
I [sin( r)/(kAr){ /1‘82/4}] (4.8)

where B-Ar/r is a non-dimensional parameter, and r 1is the distance
between the source and the measurement point with ry,To being the center
distances of microphones 1 and 2, respectively, from the source.

It can now be recognized from Equation 4.8 that the measurement
accuracy of a monopole source is a function of not only the microphone
separation kAr but aiso the greatest possible measurement distance,
Ar/r. This fact will fe more substantial for the more complex sources,
the dipole and lateral quadrupole. Therefore, in general, finite~-
difference errors are minimized by employing the smallest pdssible
values of kAr and Ar/r. It is suggested (61) that the maximum value of
kAr be approximately 0.85. It was also found that for quadrupole source
measurements, there are both low-frequency and high-frequency limits to
the measurement accuracy, while for the monopole and dipole sources only
high—frequeﬁcy limits exist. It can be stated that the high-frequency
limits give an underestimation of the true acoustic intensity, and the
low-frequency limits tend to produce an overesiimation of the intensity.
This low-frequency limitation of the 1intensity measurements is probably

due to numerical rounding off (finite representation) of the

mathematical expression used to represent the quadrupole source. For
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practical cases, the low-frequency limitation is due to the presence of
a reative sound field in the nearfield or caused'by instrumentation
errors.

There are definite optimum ranges of the measurement parameters kAr
and Ar/r for which the best accuracy can be achieved for intensity
measurements, and this range for the optimum parameter values decreases
with increasing source radiation complexity. It is suggested that the
best procedure would be to select the measurement parameters base on the
"worst—-case” design. Therefore, for a maximum inaccuracy of +1.5 dB,
the parameter limits of 0.1<kAr<1.3 and 0.0SAr/rSO.S would be useful
guidelines. However, if intensity measurements in the immediate
vicinity of point sources are excluded, the expression for the error
under plane-wave conditions and point monopole conditions gives at least
a rough indication of the measurement accuracy.

In general, the finite~difference error cannot be overcome, and the
only method of extending the upper frequency range of the two-microphone
intensity instrument is to decrease the finite separation between the
two sensors. The one drawback with this procedure is that relative
phase errors between the two- microphone measuring systems become much
more of a factor in the lower frequencies of operation (discussed in
Chapter 5). Therefore, a compromise will have to be made for sound
power measuréments using extended frequency ranges, whereby, it may be
more useful to conduct tests wusing two different sets of finite-
separation distances between the sensors. However, if measurements in

the low-frequency spectrum are made and a large microphone separation is

used, excessive proximity error could occur when measuring a complex-

O ————
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radiating source. Therefore, intensity measurements would have to be
made at relatively large distances from the sound source, which may not
be sufficiently close to satisfy the criteria of measuring in the direct

field.

4.2 Experimental Verification

Theoretical development and experimental verification of the
finite-difference approximation errors have been presented rather
extensively 1in a number of references (41,50,59). Excluding
measureﬁents in the nearfield of a sound source, most of the empirical
results confirm the analytical predictions of the finite-difference
errors. Therefore, only one set of data verifying the presenceiof the
finite-difference error will be.presented.

Figure 4.1(a) displays the acoustic 1ntensit& of a flat-diaphram
loudspeaker measured using two different methods. Curve A of Figure
4.1(a) represents the free-field acoustic intensity of the sound source
derived from the expression relating the mean-square pressure to the
sound intensity (Equation 2.9). Curve B of Figure 4.1(a) shows the
acoustic 1intensity as measured by the two-microphone cross—spectral
intensity method (Equation 3.21) at the same physical location (18 cm)
as the free~field intensity measurement. Then, the cross—-spectral
intensity was subtracted from the free-field intensity, and this
difference, which represents the experimental finite~difference error,
is plotted in Figure 4.1(b)(Curve A). In order to compare the empirical
bias error with the analytical prediction, the theoretical finite-

difference (bias) error, assuming plane-wave conditions and using the
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same two-microphone separation distance, was calculated and is shown in

Figure 4.1(b)(Curve B).

It can be noticed that there was markedly good agreement between
the measured and the predicted bias error due to the finite-difference
principle throughout most of the measured frequency range which
indicates that the sound radiation of the source similates a plane wave
and the two measuring systems were phase and gain matched (B&K 1/4"
microphones where used) in the higher frequencies (above 500 Hz). The
magnitude differences between the two intensity methods below 500 Hz are
due to the phase mismatch between the two measuring system and
background noise, and no correction for the mismatch was attempted for

this particular experiment (discussed in Chapter 5).
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CHAPTER 5

ERRORS DUE TO THE MEASURING INSTRUMENTATION

5.1 Phase and Gain-Mismatch Errors

It has been shown that the acoustic intensity is related to the
cross—-spectrum between two closely-spaced microphones (using Equation

3.24 and assuming that I(£) = I(f) for Ar<<A ) as

R VA (5.1)

where G12(f) is the cross-spectral density between the true complex
acoustic pressures Pl(f) and Pz(f) (see Figure 5.1). This true cross-

spectrum can be separated into real and imaginary components as1

Glz(f) - Clz(f) - lez(f)
* [G15(£) lcosBy o (£) = JIG (£ Ising,,(£) , (5.2)

where le(f) is the actual phase delay (phase shift) between the true
acoustic pressures, in the direction of wave propagation, for a
microphone separation distance Ar, and |G,,(f)| is the magnitude of the
cross—~spectrum. The magnitude IGlz(f)l and the angle ¢12(f) are related

l6,2()] = 1e2y(8) + Qa1

1 the real part, Clz(f)’ is called the coincident spectral density

function, and the imaginary part, le(f), is called the quadrature

spectral density function.

as -
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True Acoustic System Measured Acoustic
System

‘Hlo(f) —.O—— H_(f) —.O P_(f)

Source 0 Goo(f)

Hyo() —o(O—— 8,(E) —() P, (D)

P, (£)

Figure 5.1: Schematic Representation of the Idealized Acoustic Intensity
Measurement Using Only One Sound Source
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) @1,(£) = tan”! £
12 an ~[Q,( )/Clz(f)]

It can be realized that the true acoustic pressures Pl(f) and Pz(f)

- cannot be measured directly but must be representéd by the measured
acoustic pressures P,(f) and Py (f) via instrumentation. The measuring
instrumentation (micfophones, cathode followers, power supplys, pre-

amplifiers, and the FFT analyzer) can often cause a significant phase

and gain mismatch between the two microphone measuring systems which

L

will 1in turn induce errors in the measurement of the true acoustic

P

PR T YO Vi VO AN

pressures Pl(f) and Pz(f). Because the microphone separation distanée
Ar is very small, the imaginary part of the true cross—-spectrum G12(f)
will have a very small imaginary component, and even small errors in the
measuring system may Dbias the acoustic intehsity measurement.

Therefore, the measurement of the true cross—spectrum G12(f) will only

I S

be an estimated cross—spectrum aab(f) between the measured pressures
I Pa(f) and Pb(f) which includes any phase and gain mismatch between the
two microphone chesnnels. The estimated acoustic intensity can now be

written (from Equation 5.1) as

I(f) » -Im[G (5.3)

f ’
ab )]/lmprr

where the estimated cross—spectral density &ab(f) is related to the true

cross-spectral density G12(f) by the two input/two output relationship

(4)

Gap(£) = Hy(EYHL(£)G ,(E) . (5.4)
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This estimated cross—spectrum &ab(f) can be further defined by imaginary

and real components as
Gap(E) = 1G4 (£) [cosB,p (£) = 316G, (£) Isind , (£) , (5.5)

where aab(f) is the estimated phase delay between the measured acoustic

pressures and includes any phase errors due to instrumentation.

5.2 Techniques to Correct Mismatch Errors

There are several techniques, described in the literature, to
correct for errors due to the phase and gain mismatch between the two
microphone measuring systems used in estimating acoustic intensity. All
the existing techniques of correcting for the phase and gain-mismatch
errors are developed from two basic methods; the microphone-switching
approach and the calibration—transfer-function approach or a combination

and compromise of both approaches.
5.2.1 The Microphone-Switching Approach

The microphone-switching approach was first developed and wused in
cross-spectral intensity measurements by Chung (11,12,14). Briefly
described, the phase and gain-corrected cross—-spectrum is obtained from
the geometric mean of the measured cross—spectrum aab(f) determined with

the original microphone configuration,

Gap(E) = Hy(HHL(£)G),(E) (5.6)

and the switched cross-spectrum a:b(f),

GS,(E) = HE(E)ML(£)Gy) () (5.7)

3 e g
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determined by interchanging the two microphone sensing locations. The

result, after some mathematical manipulation, will be a calibrated

y

4 cross~spectrum

}‘.

b 61y (B)eay * [6ap(EEE, (112 5.8
128 ca1 = [Gap ab /|H1||H2| (3-8)

! :
;1 where |H;| and |Hy| are the microphone system”s gain factors and are i
iﬁ equal to one with proper calibration. The switching of the microphones

; can be accomplished either electrically or mechanically. If the

microphone cartridges and other succeeding electronics (i.e., the

B

cathode. followers) are phase and gain matched, then the switching can be

performed directly behind these phase-matched elements and therefore

avoiding relocation errors associated with mechanical switching.

X . This method of correcting phase and gain—-mismatch errors has proved
- to be very accurate because most .nonstationary phase and gain

differences between the two microphone systems can be eliminated. The

B microphone-switching method can be applied in most practical acoustic
environments to quantify sound sources but would have difficulties if
' the measured sound source is nonstationary. The method does require
double the numb. r of cross—spectral measurements normally necessary for

evaluating acoustic intensity, and this fact is a major disadvantage.

5.2.2 The Calibration-Transfer-Function Approach

The calibration-transfer-function approach to eliminate phase and

gain-mismatch errors between the two microphone measuring systems has
|

,; been mentioned in muvch of the 1literature pertaining to acoustic

intensity wmeasurements and acoustic properties of materials in duct

!
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systems (18,33,57) and is summerized in a publication by krishnappa
(35). This technique involves careful measurement of the transfer
function between the two microphone systems while the microphones are
exposed to the same complex sound pressure, and using this stored
information (the phase and gain differences between the microphone
measuring systems) as a correction factor to calibrate all subsequent
computed cross—spectral measurements.

Noting the schematic of the acoustic intensity measuring system in
Figure 5.1, the transfer function obtained by a FFT analyzer between the
two measuring systems is

H_+(£) = G _(£f) = H, (£)G,,(f) . (5.9)
ab ba /Gaa(f) b 21 /Ha(f)cll(f)

Assuming that the sound pressures Pl(f) and Pz(f) imposed on the two

microphones are identical, it follows that the relative measured

transfer fuqction is

Hy (£) = Hy(f) , (5.10)
ab /Ha(f)

where Ha(f) and Hb(f) are the complex frequency responses of each
individual microphone channel representing the amplitude differences and
phase shifts between the true acoustic pressures and the measured

acoustic presures and defined as

-18,(£)

H (f) = [H (£)]e (5.11)

'J¢b(f)

Hy(£) = [H (f)]e (5.12)

The transfer function Hab(f) (Equation 5.10) describes the relative

phase and gain mismatch between the two microphone measuring systems and

is further defined
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y *

3 Hap(£) = IHgy(£) | [cosM,y (£) - jsindd,, (£)] (5.13)

where lHab(f)l and M, (f) (M, ¢b-¢a) are the amplitude and phase
differences respectively.

Substituting the relative transfer function (Equation 5.10) into
the expression relating the true cross-spectrum G12(f) with the measured

cross—spectrum aab(f) (Equation 5.4), the following calibrated cross~

spectrum can be obtained after some simple mathematical manipulation:

Gy, (£) = Gap(E)
2 12(8)ca1 * Cap(f)/ »
cal = "ab* /¥ (£)H, (£)H,, (£)

. Gy (£) . (5.14) :
3 g (D) 1, () 12 3

: 1
fw Therefore, Knowing the phase and gain-mismatch errors created by the P
fj different sensitivity, response, and phase characteristics between the
two microphone measuring systems and the frequency response of one of

the channels provides the computer with complete information about the

L, ,.,_
. .
P .

calibration transfer function used to eliminate these errors from the

acoustic intensity estimation.

With proper calibration, the frequency response factor lHa(f)I2

e

will be equal to one, and consequently the expression for the true

calibrated cross—-spectrum {(5.14) can be written

Gy (£) = G, (£) . (5.15)
2 1 b
1 ca a /Hab(f)

The acoustic intensity (Equation 5.1) can then be redefined using the

calibrated cross-spectrum as

I(f) = -m{éab(f)/H (5.16)

} .
ab(f) /4'"'f par

E
z
:
g
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This calibrated acoustic intensity requires one complex division and
must be mathematically manipulated before using the expression in the

computer program of this work as follows (from Equations 5.5 and 5.13):

In{C,, () } = [sindycosad,y~cosd,ysinad,y11G,y 1, (5.17)

where [sinﬁabcosAﬂab-cos¢absinAﬁab] . sin(¢ab-A¢ab) .
As a result, the expression for the calibrated acoustic intensity
(5.17) wusable in a computer program containing the necessary stored

information is

}sin(@,,-00 (5.18)

ab)/Anprr :

1(6) = ~{1G,l,
I8, |

This expression (5.18) shows that the phase and gain—mismatch errors,

A¢ab and IHab" are eliminated.
5.2.3 Methods to Produce the Transfer Function

The transfer—-function approach to eliminate phase and gain errors
between the two measuring microphone systems is a relatively simple
method which does not require the double ensemble averaging time
necessary for the microphone-switching approach. A duct system can be
employed consisting of the measuring microphones rigidly flush~mounted
at one end of the duct or tube with a sound source at the other end
radiating an incident plane wave (identical complex sound pressure) upon
the mounted microphones (the set—up of the plane-wave duct method is
shown in Figure 5.2(a)).

It can be difficult to generate a broad-frequency-band signal with

the necessary dynamic range (signal-to-noise ratio) in a duct or tube

P T T g S
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White Noise
6 Input

Microphone Pair

Tube or Duct

,- =1 |

Sound ;
Source

Figure 5.2(a): Plane-Wave Duct Method to Measure the Calibration-
Transfer Function

j Pink Noise
| Input
|
Electrostatic
Actuator e———iie [ r==1 l ]
1 @— Microphones g 2

—a le —l

Figure 5.2(b): Dual-Electrostatic Actuator Method to Measure the
Calibration-Transfer Function
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because of radial modes that exist above the plane-wave cutoff frequenéy

and difficulties in the very low-frequency radiation from a conventional
loudspeaker. These problems associated with the duct system can be
eliminated by ‘'using dual-electrostatic actuators to measure the
calibration transfer function. This dual-actuator method uses two
electrostatic actuators mounted upon the diaphragms of both microphones,
and then, with the same voltage input to the actuators, the transfer
function between the microphones is measured (the set-up of the dual-
electrostatic actuator method 1is shown 1in Figure 5.2(b)). The
electrostatic—-actuator system produces a wide broad-band signal, and the
dynamic range 1s acceptable if the measurements are accomplished {n a
normal, semi-quiet acoustic environment. The actuator measurements
would work better 1in a noiseless environment (i.e., an anechoic room)
because the greater the background noise level, the greater the actuator
polarizing voltage must be to yield an acceptable signal-to-noise ratio.
In general, the electrostatic actuator gives very good calibration
results over a wide frequency range.

The plane-wave duct system used for the calibration measurements of
this study consisted of a circular tube with a 1/8"-thick wall and an
outside diameter of 4 inches and a total length of 11.2 feet (3.41 m).
A flat-diaphragm loudspeaker was used as the radiating sound source, and
aluminum end-plugs were made to hold two 1/2” microphones (shown in
Figures 5.3 and 5.4). The actuator calibration of microphones was
accomplished with B&K electrostatic actuators (models UA 0023 and UA
0033) and a corresponding B&K microphone calibration apparatus (model

4142). Typically, a pink-noise input gave the best dynamic range than a
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white-noise 1input because low-frequency noise was a problem. In
general, the polariéation voltages of the actuators were approximately
25 volts (rms) for the 1/2" microphones and 50 volts (rms) for the 1/4"

microphones.2

5.3 The Normalized Bias Error

Using the idealized measurement process of Figure 5.1, the transfer
functions H,(f) and Hb(f) between the true complex acoustic pressures
Pl(f) and Pz(f) and the estimated complex acoustic pressures Pa(f) and
Pb(f) include the lumped effects of microphone gain and phase errors and
the electronic magnitude and phase differences between the channels.
The error in the intensity measurements due to these effects can be
evaluated by using the normalized theoretical bias error of a stochastic
process. Note that the effect of acoustical scattering by the intensity
probe can be included in the calculation, but the bias error due to this
effect will be developed in more detail in Chapter 6.

The normalized bias error for acoustic intensity is defined as (4)

(£ * EI(D) - KO, (5.19)

where i(f) is the measured acoustic intensity, and I(f) is the true
acoustic intensity.
The measured cross—spectrum between two closely-spaced microphones

is related to the true cross-spectrum (Equation 5.4) as

-~

Cab(£) = HI(£)HL(£)6)5(£)

2 these polarization voltages were rather high values but must be to

receive the needed signal-to-noise ratio for exceptable measurements.
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and using Equations 5.2, 5.11, and 5.12, this relationship is written
Gp(E) = IH ()| 1H (E)]e ~ 2PlG (£)le ~ 12, (5.20)

Therefore, the measured acoustic intensity (taking the imaginary part of

Equation 5.20) can be written as

1¢8), = 1B, (E) 1B, (£)116,,(£) |sin(B,, + 48 (5.21)

ab)/4wprr
where A”ab is the phase shift of the lumped systems H (f) and Hy(£), and
¢12 is the actual phase delay (phase shift) between the true acoustic
pressures, in the direction of wave propagation, for a microphone
separation distance Ar.

Placing the expressions for the true acoustic intemsity (5.2) and
the estimated acoustic intensity (5.21) 1into the equation for the

normalized bias error (5.19) results in
ep(£) = |H,|IH, | [cosAd ) + cotP)ysinAf, ] - 1 . (5.22)

If it is assumed that A¢ab is small enough that cosAﬁab= 1 and sinA¢ab=

Aﬂab, then the estimated bias error (via Equation 5.22) is
ep(£) = [H (E) B (£)I(1 + AB, pcotdy,) - 1, (5.23)

where the first term |H,(f)||H (f)|, which would be ideally equal to
one, is the magnitude error, and the Aﬁab(f) term is the phase error due

to the microphones and the associated electronics.
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5.4 Empirical Investigation of the Phase and Gain Differences

Typically, the phase and gain-mismatch errors Dbetween the
microphone cathode followers, their respective power supplies, and the
high-quality pre-amplifiers are very minimal. Figures 5.5 and 5.6 show
the phase and gain differences between the channels of the power supply
and pre—amplifier employed in the intensity measurements.

The major contributors to these errors was found to be, firstly,
the microphone cartridges and secondly, the FFT analyzer (more
precisely, the alaising filters of the A/D converter of the SD360). The
measured phase and gain differences between the two channels of the A/D
converter are shown in more detail in Figure 5.7. Even though the
magnitude differences between the channels were stable, the phase
differences varied concurrently with the measuring frequency range set

on the FFT analyzer and also with the warm-up time of the A/D unit

(eventually kept operating continuously). Fortunately, these phase

errors are only prevalent at the higher frequencies of each selected
frequency range where phase errors are much less of a problem.

The most severe phase and gain errors are contributed by the
microphone cartridges. Even with so-called "phase-matched” microphones
from Brual & Kjaer, low-frequency phase differences were noticable, and
in some cases, phase errors developed after a short period of time,
while the magnitude differences remained constant and very minimal.
Because these phase problems are in the low-frequency region (below 300
Hz), the bias error from these phase differences could be rather

significant.
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Figure 5.5(a): The Magnitude Difference Between the Two Channels of the

B&K Power Supply
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Figure 5.5(b): The Phase Difference Between the Two Channels of the
B&K Power Supply
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Figure 5.6(b): The Phase Difference Between the Two Channels of the
Ithaco Pre-Amplifiers
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Figure 5.7(a): The Magnitude Difference Between the Two Channels of the

A/D Converter
Curve A: Initial Turn-On
Curve B: One-Hour Warm-Up Time

4
-
PHASE ]
CDEGY ]
-
2~
N ’ﬁ,,__~—~éh/A
] .‘."—- -—d\’—\\—\\s“!
-
e
. c
-
-2 rrirrvyvrrrrifrrrrrrrizs T T T T TrTTyYT T i Vyrrrrrrrey
) 1900 2000 3000 4008

FREQUENCY(HZ)D
Figure 5.7(b): The Phase Difference Between the Two Channels of the
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Figure 5.8 displays the phase and magnitude respouses between the
3 1/2" microphone pair for one particular frequency range, and Figures 5.9
and 5.10 show two different frequency ranges fo the 1/4" microphone pair
3 used for the intensity measurements. The two individual curves on each

plot represent results from the two different methods of measuring the

;i transfer function, the electrostatic actuator test (curve B) and the

;J plane-wave duct system (curve A). The radical fluctuations in magnitude f

SEARE R

3 and phase of curve A for all plots above 1800 Hz designates the cutoff

) frequency of the tube (the frequency range where radial modes of the
f{ tube are prevalent).
Ej Theoretically, both calibration methods should produce equilvalent
E, results in the low—-frequency region where the correction for phase
| ) differences is essential, but empirically, £for both a randomly-selected
pair of 1/2" B&K microphones and a "phase-matched” pair of 1/4" B&K
;~ microphones, the actuator test gave lower phase-difference values than
;} the plane-wave duct calibration method (see Figures 5.8 and 5.9).
ié Explaining this dilemma between the two measuring methods, it is stated
;‘ (27) that at low frequencies the controlled vent of the B&K microphones,
_ which allows pressure equalization between the two sides of the
3
|

diaphragm, causes a change in the microphone”s sensitivity at low
frequencies, and the low-frequency limit may be altered by changing the

resistance of the vent, Also, the 1impedance of the cavity behind the

diaphragm influences the lower 1limiting frequency. Noting that the

electrostatic actuator applies no signal to the equalization vent while

the plane-wave tube method exposes the vent to a sound field, then this

fact has to be important when comparing the low-frequency results from




i 66
4 ]
& MAG. ]
3 B>
: .
¥ 27
] B
1 o 2

%

-| =
R | ~

) 3
;‘ -2 Tttt tr1rr1rrrJrrrryxrqrrrréivp ot vrirtrorrrrrprrrrrrurild

" ) 400 800 1220 1608.

FREQUENCYCHZ)
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. Curve A: Results Using the Plane-Wave Duct System
o Curve B: Results Using the Dual-~Actuator Test
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Figure 5.8(b): The Phase Difference Between Two B&K 1/2" Microphone
Cartridges
! Curve A: Results Using the Plane-Wave Duct System
Curve B: Results Using the Dual-Actuator Test
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Figure 5.9(a): The Magnitude Difference Between Two B&K 1/4" Microphone
Cartridges
Curve A: Results Using the Plane-Wave Duct System
Curve B: Results Using the Dual-Actuator Test
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Figure 5.9(b): The Phase Difference Between Two B&K 1/4" Microphone
Cartridges
Curve A: Results Using the Plane-Wave Duct System
Curve B: Results Using the Dual-Actuator Test
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Figure 5.10(b): The Phase Difference Between Two B&K 1/4" Microphone
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Curve B: Results Using the Dual-Actuator Test
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each individual calibration method. If this is‘true, the equalization
vents of each microphone must have slightly different dimensions which
evidently changes the resistance of the vent. Many attempts to
experimentally justify the above deduction pertaining to the phase
differences between the two calibration—-transfer-function methods
failed. It should be noted that the plane-wave duct method provided the
more accurate cross—spectral acoustic intensity results when compared to
the free-field acoustic intensity (Equation 2.9) which coincides with
the above conclusions. Therefore, a practical compromise and solution
to this problem would be to use the plane-wave duct method to calibrate
the microphones for the low-frequency region and the actuator test to
calibrate the higher frequencies of the two  phase-mismatched

microphones.

Aside from the two calibration methods mentioned, a low=-frequency

constant-pressure acoustic calibrator has been recegtly developed by
Bruel & Kjaer Instruments, Inc. (27) which may be a more adequate device
for calibrating two microphones (transducers), but this calibration unit
(model UA-4221) was not available for testing.

To appreciate the amount of error in the intensity measurement if
calibration of these phase differences between the microphones
cartridges 1is not applied, the resulting bias error of intensity
calculated using Equation 5.23 (as measured by the duct system) for the
1/2" and 1/4" microphone phase differences (Figures 5.8 and 5.9) {is
shown is Figure 5.11. Therefore, 1if an error below 1.0 dB 4is the
designed criteria for the intensity measurements, the measurements below
240 Hz (for the 1/2" microphones) and 140 Hz (for the 1/4" microphones)

would be unacceptable.
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5.5 Effect of Mismatch Errors Upon the Directional Characteristics

The relative phase shift between the two microphone channels
produces consequential distortions in the directivity response of the
two-microphone intensity meter which appears as a difference ;f the
absolute sensitivity for the two opposing directions of the incident
wave. For low frequencies, a very small phase difference between the
two measuring systems will give noticeable distortions in the dipole
response. Also, even though the directivity of the intensity probe is
highly sensitive to small phase errors at low frequencies, the device is
not as susceptable to magnitude differences between the two measuring
systems.

The following directionality plots presented in this section are
all theoreticallcalculations assuming plane-wave incidence of ‘sound upon
the two-microéhone intensity device. It is assumed that experimental
results of these analytical &irectivity plots would approximately
duplicate the theoretical predictions. The polar plots represent the
directivity response of the two-microphone array governed by the
expression Ie-Incose where © is the measured angle between the axis of
the sound source and the axis of the intensity probe, I, the maximum
intensity obtained at the angle 8=0°, and Ie the intensity component
measured at some angle of wave incidence 9. All directivity response
plots are normalized on a logarithmic (dB) scale rather than a linear

scale.

Using the same phase differences between the microphone cartridges

exemplified in Section 5.4 (from Figures 5.6 and 5.7), directivity plots
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of those results are performed. Figure 5.12 shows the directivity

L

responses of the 1/2" and the 1/4" microphone pairs for the specific

frequency of 100 Hz ugsing their respective experimental phase errors of

L 5,

1.0° and 0.8°. Figure 5.13 gives similar results for the frequency of
200 Hz using the 1/2" and 1/4" microphone phase differences of 0.8° and
0.4° respectively. Comparing the directivity plot of Figure 5.12(a)

with the directional response of the two-microphone device containing no

A, R s i

phase error (Figure 3.3), the distortion of the expected dipole response
is very noticeable. For the 1/4" microphone pair with a smaller phase
error of 0.8°, Figure 5.12(b), an improvement in the directivity
response can immediately be observed. Similarily, with the phase errors
at 200 Hz for the 1/2" and 1/4" microphone pairs, Figures 5.13(a) and
5.13(b) display an improvement in the directional characteristics of the
intensity meter, but still the expected dipole response 1is slightly
deformed even for a very small phase error (0.4° phase error for Figure

5.13(b)).
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Figure 5.12(a): The Directivity Response of the Two-Microphone Intensity
Meter JUsing 1/2" Microphones Having a Phase Difference of
1.0° at 100 Hz :
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Figure 5.12(b): The Directivity Response of the Two-Microphone Intensity
Meter Using 1/4" Microphones Having a Phase Difference of
0.8° at 100 Hz
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Figure 5.13(a): The Directivity Response of the Two-Microphone Intensity
Meter Using 1/2" Microphones Having a Phase Difference of
0.8° at 200 Hz
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Figure 5.13(b): The Directivity Response of the Two-Microphtone Intensity
Meter Using 1/4" Microphones Having a Phase Difference of
0.49 at 200 Hz
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CHAPTER 6

INTENSITY PROBE OBSTACLE EFFECTS

6.1 Acoustical '-attering by the Intensity Probe

It must not be forgotten that the two-microphone probe for
measuring the cross—spectral sound intensity has a finite physical size
and therefore 1s an obstacle which can deflect a sound wave from its
original course. When a sound wave strikes a body in its path, in
addition to the undisturbed sound wave, there 1is a scattered wave,1
spreading out from the obstacle in all directions, distorting the
incident sound wave. This scattering of the sound field by the
intensity probe {consisting of both. the microphones and the two-
microphone holder) can cause changes in the amplitude and phase between
the two finite-size microphones especially if the obstacle is similar in
dimension to the wavelength of the incident sound wave. If the obstacle
(the intensity probe or microphones) 1is very small compared with the
wavelength, all of the scattered wave is propagated out in all
directions, and there exists no sharp-edged shadows thereby minimizing
scattering effects. When the obstacle is about the same size as the

wavelength of the incident wave, a variety of interference phenomena can

occur.

1 the scattered wave is defined as the difference between the actual

wave and the wundisturbed wave, which would be present if the obstacle

were not present (39).
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Imperfections of the measuring components result as a éonsequence

of the finite size of the closely-spaced microphones and their holder.
This effect becomes more important at higher frequencies where larger
phase and magnitude deviations occur. At the same time, phase
deviations are less important at higher frequencies with respect to the
accuracy. This fact can be understood better if the bias error from the
obstacle effect 1is modeled by the mathematical expression for the
normalized bias error developed originally for the errors due to the

measuring instrumentation in Chapter 5 (Equation 5.22);
ep(£) = [H (£) | IHL(£) [(cosad,y + cotd,,sindd ) - 1, (6.1)

where it can not be assumed that A¢ab is so small that cosA¢ab= 1 and

sinA@,, =A@, as in Equation 5.23. Therefore, if the errors due to the

measuring instrumentation are not included, |Ha(f)| and le(f)I are the

magnitude pgrturbations and A¢ab(f) the phase perturbation between the
“"true” acoustic pressures P, and P, at the microphone measuring

positions induced by the acoustic shadowing of the intensity probe.

6.2 Scattering by the Intensity Probe Used in This Study

At the present time, two basic microphone configurations are used
for intensity measurements. The most practical two-microphone
configuration used to daée is the placement of the two cylindrically-
shaped microphones in parallel with their respective membranes 1in one
plane (this 1is the microphone arrangement employed in this work and
shown in Figure 3.2). The other possible arrangement is to place both

microphones on omne axis so that their membranes are in two parallel
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planes at a chosen distance. The cathode followers are then located in

opposite directions from the microphone capsules (1,49).

Considering the microphone configuation used for the intensity
measurements in this paper, it would be wuseful to examine the

microphone-proximity interference (the disparate scattering effect that

ji each individual microphone will have on the other with respect to the
:4 microphones” separation distance) analytically. Cook et al (20,21)
j modeled the scatteripg by microphones by considering the theory of
; scattering between two spheres. Of course, the microphones should be

modeled as finite-length rigid cylinders, but a rigorous mathematical
anlysis for scattering by two semi-infinite cylinders is not available.
ﬁq If first-order approximations for the scattered wave of very long
fj . wavelengths on a rigid sphere or rigid cylinder are considered (38), it
i can be concluded that small obstacles appear even smaller to an incident
[+ sound wave. Consequently, sound is scattered almost uniformly in all

the backward directions. As the frequency is increased toward obstacle

size similar to wavelength of the incident -ave, the angle distribution
becomes more and more complicated, diffraction peaks appear and move
forward from the cylinder(s). In this transition region, general

simplifications of the scattered sound will not be applicable.

In addition to the microphone-proximity effect, the microphones are

positioned on a finite-size holder. Therefore, the intensity probe can

. not be practically modeled solely as two finite—length cylinders but is
a cloud of scatterers, each producing a scattered wave, and these

wavelets reinforce in some directions and interfere in other directions.

Because of the complicated nature of the acoustic scattering from the
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intensity probe, only experimental results of these effects (the
intensity probe scattering and microphone proximity interference) are

investigated without theoretical confirmation.

6.3 Experimental Investigation

The device used to investigate the 1intensity probe acoustic
scattering is described in detail in Chapter 3 and shown in Figure 3.2.
The 1/2" B&K microphone cartridges were directly mounted onto the
cathode followers while the 1/4" B&K microphone cartridges used adapters
(model UA-0035) for mounting onto the cathode followers. Experiments
were conducted in the previously described 1laboratory room with a flat-
diaphragm loudspeaker (53) operating in the piston range (the frequency
response is shown in Figure 6.1). The microphone pair (either the 1/2"
or the 1/4" microphones) were placed on—axis to and in the direct field
of the sound source, not near any sSignificant sound reflectors
(experimental set-up shown in Figure 6.2).

When investigating the intensity probe acoustic scattering, the
procedure used eliminated the effects of the loudspeaker and microphone
frequency response. First, the transfer fimction between a single
reference microphone output (microphone 1) and the loudspeaker input was
measured by the SD360 spectral analyzer (Figure 6.2(a)). Then a seco.d
"dummy” microphone (microphone 2) was carefully located directly behind
the reference microphone at desired distances typical of the intensity
measurements, and a second transfer-function measurement of the

reference microphone was performed (Figure 6.2(b)). Using the computer,

the ratio of the two transfer functions was calulated and plotted.

R
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Figure 6.2(a): The Experimental Set-Up to Measure the Transfer Function
k| Between the Loudspeaker Input and the Reference Microphone
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Therefore, the plots show both magnitude and phase differences of the
complex sound pressure at the membrane of the first microphone due to
the presence of the other microphone.

Figures 6.3 and 6.4 show the combined effects of the second dummy
microphone and the microphone holder of both the 1/2" and 1/4"
microphones while varying the separation distance between the
microphones” center axes from 13 to 35 mm.2 The phase and magnitude
changes were unexpectantly large for the frequency region of 3000 Hz.
In this critical frequency range of 2000-3200 Hz, the 1/2" microphone
differences in magnitude were a maximum of +0.5 dB for 13 mm separation

and -1.5 dB for 25 mm separation with corresponding maximum phase

differences of +5°% and +7° respectively (Figure 6.3). For the same

procedure, using 1/4" microphones, the results were much better by an

approximate factor of two in the same frequency range (Figure 6.4).
After extending the microphone cartridges with 210 mm long goosenecks
(B&K model UA-0196), these changes were reduced (see Figures 6.5 and
6.6). These measurements confirmed that the microphone holder was
causing significant distortions of the measured acoustic field.

With the removal of the scattering from the microphone holder, the
microphone-proximity interference can now be investigated. As expected,
the effect of the second dummy microphone was increasing with frequency
and was less pronounced for the 1/4" microphones than with the 1/2°

microphones. It can be noticed from Figures 6.5 and 6.6 that the

2 13 mm 1s the minimum gseparation that is physically possible for 1/2"
microphones, and 12.5 mm is the minimum physical separation for 1/4”

microphones when using 1/2" cathode followers.
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Figure 6.3(a): The Effect of Microphone 2 on the Magnitude Response of
k| Microphone 1 for Various Distances D (1/2" Microphones)
- Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm
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Figure 6.3(b): The Effect of Microphone 2 on the Phase Response of
Microphone 1 for Various Distances D (1/2" Microphones)
Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm
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Figure 6.4(a): The Effect of Microphone 2 on the Magnitude Respomnse of
¥ Microphone 1 for Various Distances D (1/4" Microphones)
Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm
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Figure 6.4(b): The Effect of Microphone 2 on the Phase Response of
Microphone 1 for Various Distances D (1/4" Microphones)
Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm
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Figure 6.5(a): The Effect of Microphone 2 on the Magnitude Response of
Microphone 1 for Various Distances D with the Microphones
Extended by Goosenecks (1/2" Microphones)
Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm
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Figure 6.5(b): The Effect of Microphone 2 on the Phase Response of
Microphone 1 for Various Distances D with the Microphones
Extended by Goosenecks (1/2" Microphones)
Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm
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Microphone 1 for Various Distances D with the Microphones

Extended by Goosenecks (1/4" Microphones)

Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm

28 ]
PHASE E
¢DEG) 3
10‘_';

: jﬁ

' N ;

. P At By i ML

e Wi 15 AL ANS IRCTVNL YU N AT

I mA A (vime v |

i 1 1 3.1 ) 1

Ty ‘U\v\/

B8

]

y

Sk R B S B B N A O I S P B Rt e ot e e e
-} 2000 4000 600e
FREQUENCYCHZ)

Figure 6.6(b):
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The Effect of Microphone 2 on the Phase Response of

Microphone 1 for Various Distances D with the Microphones

Extended by Goosenecks (1/4" Microphones)

Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm
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magnitude of the sound pressure below 4000 Hz was affected very little,
but the phase changes were still moderately 1large. The scattering
effects were less with both the smaller size microphones and the smaller
microphone separation distances.

The results in Figures 6.3 to 6.6 show only the phase and magnitude
effects when the dummy microphone was positioned directly behind the
reference microphone and on the opposite side of the sound source. Now,
Figures 6.7 and 6.8 show the results when the role of the microphones
were reversed (the dummy microphohe was located between the sound source
and the measuring microphone and extended on goosenecks). As 1in the
previous situatioms, the effects were much smaller with 1/4"
microphones, but essentially no different than the results of Figures
6.5 and 6.6.

The above results present the effect of one microphone only. It
can be expected that wien both microphones are placed in the acoustic
field, a mutual effect will result creating partial cancellation of the
amplitude changes and the phase shifts. To investigate this effect, the
transfer function between two microphones was measured, and the results
are presented in Figures 6.9 and 6.10. Because the phase and amplitude
responses of both microphones were slightly different, appropriate
corrections were made by the computer. Also, the distances of the
microphones from the sound source were not equal, and therefore, the
phase plots of the transfer function were represented by lines having
different angles with the frequency axis according to the microphone
distance. To make the evaluation of these graphs more convenient, the

phase delays from the different microphone-separation distances, Ar,

o

O T AT T GNP o RS A T Y R e 2w 2kt e e

&%

S

=

T

puvtewsae

e = e



e s e i AR D1t G ot e e o s ek

. e e oS R T SRS St LA bt S i B At BT Lt i

P ot

87 ;

[

MAG.
0B>

llllllllllllllll

B
N ﬂgl‘\ A/_'ScﬂcA
B_._a::m._ T e e
. A A B
-
-
]
-5 TT T T T T T I T 1T T T T T 11 LR S O T S | L LA L
Q9 2008 4000 6800 8000
FREQUENCYCHZ)

Figure 6.7(a): The Effect of Microphone 1 on the Magnitude Response of
Microphone 2 for Various Distances D with the Microphones
Extended by Goosenecks (1/2" Microphones)
Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm
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Figure 6.7(b): The Effect of Microphone 1 on the Phase Response of
Microphone 2 for Various Distances D with the Microphones
Extended by Goosenecks (1/2" Microphones)
Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm
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Figure 6.8(a): The Effect of Microphone 1 on the Magnitude Response of
Microphone 2 for Various Distances D with the Microphones
Extended by Goosenecks (1/4" Microphones)
Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm

20
]
PHASE |
CDEGY
1t
] An’lt

1

1

3,

e
' W“MQ«anVWA\fL$}qW\
A

'
v
y

2 A h‘ __/l A A\Ahhvlﬂl A %A MV.VA..'B_A .‘.‘B dor !Jy
AL MOV VNS WL S A NN
W VL\C‘ Y

1.4 1 1111

—IO TTTTTTT T TT1T T 1 T T 1 LI L L L rirrrrtritrr
2 2000 4000 6008 8000
FREQUENCY(HZ)
Figure 6.8(b): The Effect of Microphone 1 on the Phase Response of
Microphone 2 for Various Distances D with the Microphones ;
Extended by Goosenecks (1/4" Microphones) l
Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm 1
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Figure 6.9(a): The Transfer Function Between the Two Microphones for Various
i | Distances D and Extended by Goosenecks (1/2" Microphones)

Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm
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- Figure 6.9(b): The Transfer Function Between the Two Microphones for Various
X Distances D and Extended by Goosenecks (1/2" Microphones)
Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm
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Figure 6.10(b): The Transfer Function Between the Two Micropheones for Various
Distances D and Extended by Goosenecks (1/4" Microphones)
Curve A: D=13mm; Curve B: D=25mm; Curve C: D=35mm :
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were corrected by the computer so that, ideally, both the amplitude and
phase responses should have been represented by straight horizontal
lines.

However, as Figures 6.9 and 6.10 reveal, the transfer functions
were only slightly dependent on the frequency, and the effect was again
smaller with the 1/4" microphones. As expected, the disturbance of the
sound field by the 1/4" microphones was smaller with amplitude
deviations of 1less than +1 dB. However, the phase deviations were

several degrees at the higher frequencies.
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CHAPTER 7

ERRORS FROM SECONDARY SOURCES AND TH™ MEASURING ENVIRONMENT

7.1 Introduction 1

All previous results pertaining to bias errors of the cross-

’ spectral intensity method have been produced assuming only the g
measurement of a single sound source. Of course, in a normal measuring
environment (in-situ), there could be more than a single sound source
b | present when measuring a specific source that would contaminate the
| intensity measurement of this specific noise source. This secondary
contaminating sound source may not only be an individual radiating
source but could also be any reflections of the measuring sound field
-~ from nearby physical surfaces. The two-microphone intensity device may
| - also be adversely influenced by a significant reverberant sound field.
If there are errors in the intensity results caused by the reverberant
- environment, the intensity measurements would ha§e to be performed ’
closer to the primary sound source to insure that the direct field
predominates. Therefore, the surrounding environment may substantially
influence the qualification of a primary sound source in-situ, and

empirical knowledge of these limitations of the cross-spectral intensity

oy

device 1s extremely important before excepting the results as accurate.

It should be noted that any influence by a secondary source upon
the 1intensity measurement of the primary source will vary with the

direction of sound-wave propagation from the secondary source because of

the directional characteristics of the two-microphone acoustic intensity
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device. Therefore, theoretically, a secondary sound source (a point
source) located on-axis and perpendicular to the two-microphone

} intensity probe will not contaminate the intensity measurement of the

..

3 primary source.

7.2 Uncorrelated Secondary Sources

In its simpliest form, errors introduced im the estimation of

acoustic intensity by a second, uncorrelated1 acoustic source may be

evaluated by considering the bivariate stochastic process of Figure 7.1.

The general theory of bias errors arising from a secondary source was
AR derived very recently by Seybert (58), but no experimental data were

given to support the basic conclusions. i

7.2.1 The Normalized Bias Error

Using the schematic representation of an idealized acoustic {
intensity measurement (Figure 7.1), source O is considered the primary

source being measured while source 0 is the second (contamination)

et a e i o+

A“ source. The transfer functions Hyg0s Hig-» Hyps and Hyn- characterize
the linear systems between each source and the measurement points 1 and
2. The influeﬁce of the primary source and the secondary source upon
the measuring points 1 and 2 is represented by the respective Fourier-
‘i transformed pressures Pl(f), Pz(f) and Pi(f), Pé(f). If there exists
phase and gain-mismatch errors from the measuring instrumentation, then

the intensity results will also include the complex frequency responses

1 the correlation quantity of zero specifies that two random variables x

and y are said to be uncorrelated (4). i
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Figure 7.1: Schematic Representation of the Idealized Acoustic Intensity
Measurement in the Presense of a Secondary Sound Source
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of each 1individual microphone channel, Ha(f) and'Hb(f), defined by
Equations 5.11 and, 5.12.

The total pressures at each measurement point via the

A instrumentation are

P,(£) = [P (£) + P{(£)]H,(£) (7.1)

:j and

o artan e e =

PL(E) = [Bp(£) + P5(E)]H,(E) - (7.2)

Because the acoustic intensity method is proportional to the cross-
‘ spectrum between two measuring points, it 1is necessary to obtain the
estimated cross—spectrum from the Fourier transforms of Pa(f) and Pb(f)

by way of the cross—spectral definition (5),

G p(£) = (%)(P:(f)Pb(f)> , N ¢ 25}

i

where P:(f) is the complex conjugate of the transform Pa(f) and T is the
length of the raw data record. The expected value symbols of Equation
7.3 indicate that the quantity Eab(f) is a smoothed cross-spectral
estimate obtained by averaging ny individual raw estimates of the cross-

spectrum; 1i.e.
* Nq % £
<Pa(f)Pb(f)> = (%d)fsl Pai(f)Pbi( ) . (7.4)

Placing the total pressuré values due to both the primary and
secondary sources (Equations 7.1 and 7.2) into the estimated cross—
spectral equation (7.3), the resulting cross—spectrum for the pressure

values at points a and b due to the primary and secondary sources

i
'
i
!

becomes
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3 Gap(£) = [Gyo(£) + GI(E)]IH (E) | IHL(£) e . (7.5)
, where Giz(f) is the cross—-spectrum due only to the secondary source.

Notice that the cross—-spectral products between Pi and P2, P1 and Pé do
not appear because of the assumption that sources 1 and 2 are
uncorrelated.

4 The normalized bias error (€,) was defined in Chapter 5 (Equation

5.19), and is repeated here as:

¥; &(6) = [E(L()} - D1/ gy - (7.6) d

‘{% I(f), in this case, 1s the true acoustic intensity due only to a single ;

,; primary source,2 i

{; 1(£) = Im(Gy(6)] , (7.7)

3 - {
: and E{I(f)} is the estimated acoustic intensity influenced by both the

primary and the secondary source and written as

E[T(£)] ~ Im[Gyy(£)]

=380, (£
| " Im[Gy,(f) + G, ()] IH_(£)[IH (£)]e (5D (7.8)

Therefore, placing Equations 7.7 and 7.8 into the expression
representing the normalized bias error (7.6), the bias due to a

secondary source via instrumentation can be written as

; E;b(f) = IHal|Hb|[IG]'ZISin(¢12+Mab)+|Gi2|51n(¢i2+mab)]/|Glzlsin¢1.2(7.9)

X
4 2 the proportionality symbol ~ is wused because the factor 4TfpAr is

unnecessary for the final result and therefore ommitted.
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For small Aﬁab, where cosAﬁab=1 and sinA08b=A¢ab, this expression (7.9)

reduces to

ep(£) = IH I IH I [(1 + A, cotdy,) + (37 + (J7M,pc0tdiy)] - 1 - (7.10)

If there 1is no phase or gain mismatch between the measuring

instrumentation, the normalized bias error (Equation 7.10) will simplify

to
ep(6) = 17Dy (7.11)

the ratio of the secondary source intensity to the primary source

intensity.
7.2.2 Experimental Setup and Procedure

The experimental setup for testing the effect of a secondary sound
source upon the acoustic intensity measurement of a primary source 1is
shown in Figure 7.2. The primary source was the previously-described
enclosed flat-diaphragm loudspeaker, ;sed for most of the cross—spectral
intensity measurements. The secondary sound source consisted of a 4-1/2
in. cone-type loudspeaker (Philips model AD-5060/W8) placed at one end
of a closed~back tube (a 4-1/2 in. diameter PVC pipe with a length of 3
ft.). This tube source, as it will be referred to, was a non-baffled
sound source which hopefully models a point source 1in its operating
range. Each sound source was electrically driven by 1its own separate
random white-noise generator and amplifier to assure that two

independent sources were used.
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Figure 7.2: Experimental Set-Up Used to Investigate the Bias Errors of the
Acoustic Intensity Technique from a Secondary Source
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The intensity probe was generally located on~axis and normal to the

- | : primary source at a distance of 20 cm. The secondary source (the tube

source) was placed 35 cm from the intensity probe at three separate

angle positions; approximate secondary source angles of Oss" 90°, 135°, iﬁ

and 180° (see Figure 7.2). In addition, three different input levels to { ]

.

the tube source were used to provide a range of the secondary source
strength upon the primary source intensity measurement. These secondary

source lnput levels were established such that the intensity ratio (Lps-

R i LA
PO e T

Uj Lss) of the primary source intensity level (Lps) to the secondary source
. intensity level (LSS) was approximately 10 dB, 5 dB, or 0 dB. The
specific angle 6, of secondary source incidence was set at 135° for the
}* frequency range of 1500-4000 Hz.
!} i All measurements were accomplished in the previously-described
laboratory room and in the direct field of both sources where no
significant sound—teflecting surfaces were present. However, the sound
. source itself (either the primary or secondary source) was a sound-
reflecting surface. Therefore, to eliminate as much sound reflection
“ from each source as possible, fiberglass surrounded the non-radiating
" area of the primary source to prevent source reflections (the tube
source worked exceptionally well as a mnon-reflecting surface without

adding acoustical treatment).

'i The general measuring procedure for these experiments was as
follows: the primary source intensity was determined with the secondary
gsource turned off; then the secondary source was added to the sound

'2 field and the intensity due to the combined sources was measured; also,

while both sources were operating, the coherence function between the
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two microphones was measured3; and lastly, the intensity of only the
secondary source was measured. With these results stored on the
computer, the experimental bias error from uncorrelated secondary sound
gsources could be compared to the theoretical bias error calculated from

Equation 7.11 (note that all of the cross-spectral intensity data were

corrected for any phase and gain-mismatch error between the microphone

measuring systems).

7.2.3 Results

For all the intensity measurements related to bias errors from a
secondary source (sometimes abbreviated ss), the sound pressure

frequency response of the primary source (sometimes abbreviated ps) was

{ approximately uniform over the frequency range 80-4000 Hz, and the sound
pressure frequency response of the secondary source was essentially no
: different than that of the primary source for the frequency range
; : 1500-4000 H;.

' Before describing the experimental results, it should be noted that ;T
‘ all plots labeled "INT. MAG. (DB)" contain lettered curves which display ‘
. the following measurements: curve A, the measurement of only the primary

1‘ source intensity; curve B, the intensity measurement when both the

;\ primary and secondary sources are operating; and curve C, the intensity

level of only the secondary source. For the related plots labeled "BIAS

' ERROR (DB)", curve A represents the experimental bias error calculated

3 typically, the coherence function between the two microphones of the

intensity probe is approximatly unity (perfect coherence) for a single

TE sound source measurement in the direct field.
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by subtracting the intensity level of the combined primary and secondary
sources from the individual primary source intensity level, and curve B
represents the theoretical bias error calculated using Equation 7.11

¢ (where I°(f) and I(f) are the intensity levels due only to the

individual secondary source and primary source respectively). Note also

that all experimental calculations of the bias error contain some

a2 .

anomalies created by the random error associated with the finite

o S

~a

averaging of oy individual raw estimates of the cross—spectrum. This

™ W T Pty
A :

random error was reduced considerably (to an approximate value of less

er

than +0.5 dB) by taking the largest possible averaging of each cross-

-, spectral measurement available on the SD360 spectral analyzer (212,
¥ equilvalent to 4096 samples). Figures 7.3(a) and 7.3(b) show the random
{ error of the intensity measurement for ny= 256 and ny® 4096

respectively. These random error plots were accomplished by comparing

e f

two separate intensity samples of the same sound source.
Figure 7.4(a) exhibits the influence of a secondary sound source

. upon the primary source intensity when L = 10 dB and radiating at

ps-Lss
‘ an angle Bgs" 135, Figure 7.4(b) displays the bias error (both the

experimental and theoretical bias error) for the results of Figure
‘ 7.4(a). For this particular test (Figure 7.4), there was a small but

noticeable amount of error caused by the additional sound source upon
| the primary source intensity (0.5 dB maximum), and the coherence departs
from the unity value above the frequency range where the secondary

source has the greatest influence (above 1500 Hz). It also can be

realized that the experimental bias error compares favorably with the

calculated value of bias error. Because the bias error for this
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Figure 7.3(a): The Random Error of the Intensity Measurements Associated
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Figure 7.3(b): The Random Error of the Intensity Measurements Associated
to a Finite Averaging of ny = 4096
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Figure 7.4(a): Cross-Spectral Intensity Measurements for L ~Lgg= 10 dB
= o ps
and 844= 135

Curve A: The Intensity of Only the Primary Source
Curve B: The Intensity with Both PS and SS Operating
Curve C: The Intensity of Only the Secondary Source
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Figure 7.4(b): Bias Error Due to the Secondary Source for L = i0 dB
and 8g4= 135°
Curve A: The Experimental Bias Error

Curve B: The Theoretical Bias Error
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s Lgg® 10 dB, was insignificant, larger

particular intensity ratio, Lp
secondary source intensity levels were then tried, and no other
measurements were attempted for Lps-Lss' 10 dB.

The next set of experiments (Figures 7.5-7.7) display the influence

ps—Lss=

of a secondary source upon the primary source intensity for for L
5 dB and radiating at angles 6, = 90°, 135°, and 180°. For Figure 7.5,
where 6 = 135°, the bias error becomes more significant than that of

the measurement for L__-L__=* 10 dB and follows the trend of greater

ps “ss

error for a smaller intensity ratic of primary source level to secondary
source level. This finding is exactly the result predicted by the
theoretical bias error equation (7.11). Then, using the same input for
Lps-Lss’ 5 dB at ess’ 135°, the secondary source configuration was
placed at the angle 6,.* 90° (Figure 7.6). It can be immediately
noticed that the secondary source intensity was reduced substantially
even though the input level was the same as with the test configuration
of Figure 7.5 (where 8gs® 135°), and no doubt that this result was due
to the directional characteristics of the two-microphone intensity
device.

The resulting bias errors from the primary-secondary source
configuration of Figure 7.6(b) are interesting because they show bias
errors which have both positive and negative values. This indicates
that the 1intensity flow of the secondary source adds to the primary
source intensitv 1in some frequency regions and subtracts from the

primary source intensity in other frequency regions. A similar analogy

would be the addition and subtraction of vector quantities whereby the

vector intensity of the secondary source flowing in the same direction

oY
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i Figure 7.5(a): Cross-Spectral Intensity Measurements for Lpg-Lgg= 5 dB
b | - : and 9gg= 135°

Curve A: The Intensity of Only the Primary Source
Curve B: The Intensity with Both PS and SS Operating
Curve C: The Intensity of Only the Secondary Source
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Figure 7.5(b): Bias Error Due to the Secondary Source for Lpg-Lgg= 5 dB
and Ogg= 135°
Curve A: The Experimental Bias Error
Curve B: The Theoretical Bias Error
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Figure 7.6(a): Cross-Spectral Intensity Measurement for Lpg~Lgs= 5 dB

] ‘ and 95 s= 900

. Curve A: The Intensity of Only the Primary Source
Curve B: The Intensity with Both PS and SS Operating
Curve C: The Intensity of Only. the Secondary Source
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Figure 7.6(b): Bias Error (Experimental Only) Due to the Secondary
Source for Lpg-Lgg= 5 dB and 8gg= 90°
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Figure 7.7(a): Cross-Spectral Intensity Measurements for L__-L..= 5 dB
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{ - and 0g44= 180°
Curve A: The Intensity of Only the Primary Source
Curve B: The Intensity with Both PS and SS Operating
Curve C: The Intensity of Only the Secondary Source
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Figure 7.7(b): Bias Error (Experimental Only) Due to the Secondary
Source for Log~Lss= 5 dB and 8 .= 180°
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as the primary sourée intensity would give acoustic intensity values
which are greater than the primary source operating alone and vice
versa.

When the secondary source was located at the approximate angle ess-
180° (still using Lps-Lss' 5 dB),. the influence of the secondary source
upon the primary source intensity should be greater than the previous
results of the primary-secondary source configurations used for Figures
7.5 and 7.6. And indeed, this fact was demonstated for the primary-
secondary source arrangement using 6, = 180° and Lps'Lss' 5 dB in Figure
7.7. The intensity flow of the secondary source was then opposite the
intensity flow of the primary source, and the results (Figure 7.7(b))
showed an increase in the bias error. It should be noted that
practically, for all the primary-~secondary source configurations, there
exists the possibility .of -significant sound reflections from the
individual sound sources which could influence the data, but it was
determined that any effect from these reflections was minimal after
certain precautions were taken.

The last set of intensity data pertaining to bias errors from an

uncorrelated secondary source (Figure 7.8) wused L s Lgg® 0 dB while

P
locating the secondary source at an angle 8,.* 135°. With this
arrangement, the intensity level of the secondary source was essentially
equal to the primary source intensity for the frequency region 2000-3500
Hz. Therefore, within this frequency range of 2000-3500 Hz, Figure
7.8(a) shows that the intensity method no 1longer was capable of

accurately measuring the acoustic intensity flow from the primary

source. The vector intensity of the secondary source can be considered
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Figure 7.8(a): Cross-Spectral Intensity Measurements for Lps-Lgg= 0 dB

and 8g4= 135°

Curve A: The Intensity of Only the Primary Source
Curve B: The Intensity with Both PS and SS Operating
Curve C: The Intensity of Only the Secondary Source
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Figure 7.8(b): The Coherence Function Between the Two Microphones Used
for the Cross-Spectral Intensity Measurement with Both
Primary and Secondary Sources Operating (Lpg-Lgg= O dB)
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to be equal but opposite to the primary source intensity for this
specific frequency region thereby creating total cancelation of the

acoustic intensities.

7.2.4 Implications of the Results when Measuring Sound Power

Up until now, only the influence of the acoustic intensity of an
uncorrelated secondary source upon the primary source intensity at one
spacial location was considered, but if the intensity method is used to
determine the total sound power radiated from a sound source by
integrating the intensity values normal to the surface area enveloping
the measured primary noise source (Equation 2.1), the sound power
contribution of the uncorrelated secondary source(s) exterior to the
primary source measuring surface will be 2zero by satisfying the

telation4

j:[sln(secondary source)+dS = 0 . (7.12)

Therefore, there would be theoretically no bias error in the measurement
of the acoustic bower of a specific noise source from other
contaminating sources located outside the primary measuring enclosed
envelop, and the precision of this measurement is then related to the
number of measurement points taken and to the variance (random errors)
defined by the regularity and the distribution of the normal acoustic
intensities in the measuring envelop (depending on the directivity
response and the stationary operation of the primary source, the effect

of the exterior noise, and the choice of the position and shape of the

4 assuming there is no absorption (attenuation) of sound within the

volume enclosed by the measuring surface.
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measuring surface).

7.3 1Intensity Measurements in the Reverberant Sound Field

As stated previously in Section 3.5, the accuracy of the two-

microphone cross—spectral intensity method may be influenced by the

presence of a strong reverberant sound field. Whereby, the three-

s , —
LR ? I

-t
e M

dimensional reverberant sound field can be described by using the

12

acoustic parameters of pressure, three mutually perpendicular components

. of the particle velocity, and the corresponding three components of the

intensity vector; the two-microphone intensity meter only provides the

P acoustic intensity component in the direction along the line joining the

A microphone pair. Therefore, if the total intensity vector is required

& at a point in the reverberant field, three separate intensity ;

méasurements have to be taken.
Cross~spectral 1nte;sity measurements can be performed successfully ’

{

outside the direct field of a noise source in-situ. In an isotropic

‘ waves, the acoustic intensity through a field point is zero. In an

reverberant sound field which consists of modes representing standing q

' acoustic confinement 1in which the sound may be well scattered but not
completely diffused, the cross—spectral intensity measurement will not
be zero 1if there 1is a preferred direction of power flow within the

‘ enclosure (6).

* The reflective sound field can be thought of as a background noise

caused by the relevant image sound sources. Therefore, the same law of 04

«f energy conservation described in Section 7.2.4 should apply when

integrating the intensity measurement over a sound source surface to
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evaluate sound power. Excluding any sound absorption inside the space
enclosing the measuring surface, the combined intensities of the
exterior (contaminating) reflected noise will yield a theoretical value
of zero, and thé sound power measurement accomplished by integrating the
acoustic 1intensity over the measuring surface area suppresses the

reflected sound while the radiated sound waves by the primary sound

source under examination remain unbiased.
7.3.1 Experimental Investigation

To wunderstand the capabilities of the cross—-spectral intensity
meter in a reverberant sound field, on-axis intensity measurements of
the previously-described flat-diaphragm sound source were taken at
distances extending from 20 cm (in the direct field) to 4.0 m (in the
assumed>reverberant field). The sound source was located 1in the same
laboratory room used for most all the intensity results and at a
physical position not near any significant sound reflectors.

Figures 7.9-7.11 display acoustic intensity data calculated from

assumed free-field pressure values (pZ/ ) and the twd—microphone cross—
Pec

spectral procedure (using a Ar=13 mm). Figures 7.9(a) and 7.9(b) show
that the intensity calculated from the free-field pressures (Curve A in
#11 figures) and the intensity measured by the the cross—spectral method
(Curve B 1in all figures) compared very favorably. Locating the
intensity probe at 80 cm (Figure 7.10(a)) and at 160 cm (Figure 7.10(b))
from the source, more radical fluctuations of the intensity levels were
obtained, and evidently, the sound receiver was beginning to be affected

by the reverberant sound field. Even so, the cross-spectral intensity
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Figure 7.9(a): The Acoustic Intensity of a Loudspeaker Sound Source at a
- Distance of 20 cm
q Curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method
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Figure 7.9(b): The Acoustic Intensity of a Loudspeaker Sound Source at a
' Distance of 40 cm
Curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method
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- Figure 7.10(a): The Acoustic Intensity of a Loudspeaker Sound Source at
a Distance of 80 cm
F‘ Curve A: Intensity Calculated Using Free-Field Pressure
) Curve B: Intensity Measured by the Cross-Spectral Method
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Figure 7.10(b):

The Acoustic Intensity of a Loudspeaker Sound Source at

a Distance of 160 cm

Curve A: Intensity Calculated Using Free-Field Pressure

Curve B: Intensity Measured by the Cross-Spectral Method
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a Distance of 250 cm
Curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral #ethod
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Figure 7.11(b): The Acoustic Intensity of a Loudspeaker Sound Source at

a Distance of 4.0 m
Curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method
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measurements of Figure 7.10 were approximately equal to‘ the intensity
measurements from assumed free-field sound presure levels.

Intensity measurements were then taken at the distances of 250 cm
(Figure 7.1l1(a)) and 4.0 m (Figure 7.11(b)). These intensity
measurements of Figure 7.11 indicate that there was a more significant
influence of the reverberant field upon the measurements. Also, the
intensity levels calculated from the pressure values were consistantly
higher than that of the cross—-spectral intensity.

Even though the intensity plots of Figures 7.9-7.11 show
tendencies, it was very difficult to make any conclusions about the data
because of the fluctuating nature of the measurements in the more
reverberant field. Therefore, a smoothing process was utilized with all
the intensity data of Figures 7.12-7.14 depending wupon the amount of
variation in the measurements. This smoothing processs was a continuous
linear average of each individual intensity data with other neighboring
intensity data over the frequency range of interest. For example, if
the intensity value at 400 Hz was smoothed with a smoothing factor
(S.F.) of 10, then the 10 intensity values directly before and after the
data point of interest would be averaged with that intensity value at
400 Hz.

The smoothed intensity levels calculated from free-field pressure
values and the smoothed cross—-spectral intensity levels at the distances
of 20 cm (Figure 7.12(a)), 40 cm (Figure 7.12(b)), and 80 cm (Figure
7.13(a)) were equilvalent for all practical purposes. Increasing the

intengity probe distance from the source, the intensity levels from the

two different measurement procedures began to separate at the distance
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Figure 7.12(a): The "Smoothed" Acoustic Intensity of a Loudspeaker Sound
i : Source at a Distance of 20 cm (Smoothing Factor = 10)
Curve A: Intensity Calculated Using Free~Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method
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Figure 7.12(b): The "Smoothed" Acoustic Intensity of a Loudspeaker Sound
Source at a Distance of 40 cm (S.F. = 15)
Curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method




11111y 1]1 | U T O I S I B

1

46 TV T T T T T TV jtrtrI1Tqdyit71yryr7PrrrrrrirT iy iTrrrievTd
5] 400 800 1200 1600
FREQUENCYCHZ>
Figure 7.13(a): The "Smoothed" Acoustic Intensity of a Loudspeaker Sound
Source at a Distance of 80 cm (S.F. = 20)
curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method
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Figure 7.13(b): The '"Smoothed" Acoustic Intensity of a Loudspeaker Sound
Source at a Distance of 160 cm (S.F. = 30)
Curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method
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f Figure 7.14(a): The "Smoothed" Acoustic Intensity of a Loudspeaker Sound :

{ - Source at a Distance of 250 cm (S.F. = 50) 2
2 Curve A: Intensity Calculated Using Free-Field Pressure i
- Curve B: Intensity Measured by the Cross-Spectral Method
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Figure 7.14(b): The "Smoothed" Acoustic Intensity of a Loudspeaker Sound
Source at a Distance of 4.0 m (S.F. = 50)
Curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method
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of 160 cm from the source (Figure 7.13(b)). It could then be noticed
that the intensity levels from pressure values at 250 cm (Figure
7.14(a)) and 4.0 m (Figure 7.14(b)) remain very similar while the cross-
spectral intensity levels at the same distances from the sound source L

continued to decrease.

To understand the implications of the results of Figures 7.12-7.14,

4 the intensity levels calculated from free-field pressures (Curve A) and

the cross—-spectral method (Curve B) were plotted (Figures 7.15-7.16) as
a function of distance from the sound source for four specific
frequencies (200 Hz, 400 Hz, 800 Hz, and 1200 Hz). The intensity values
:}i can then be compared to the theoretical free-field decay (6 dB/doubling ;
distance) of intensity calculated from pz/pc (Curve C). In all the

results of Figures 7.15-~7.16, the cross—spectral intensity levels ’
corresponded reasonable well to the theoretical free-field intgnsity
- while the intensity measurements from sound pressure values tend to
o level off to a constant value as would be expected of sound pressure

measurements in a reverberant sound field.

Though the measurement conditions far from the source (4 m) were 3
evidently not entirely reverberant because the pressure-squared data did
not completely level to a constant value (except for the data of Figure
7.15(b)), it can be 1logically deduced from the presented results of

Figures 7.15-7.16 that the two-microphone cross—-spectral method of

measuring acoustic intensity performs well under semi-reverberant 3
(reverberant) situations. It would be useful and necessary to perform
more experimental measurements in a highly reverberant environment to
fi totally quantify the accuracy of the 1intensity meter 1in highly

reverberant circumstances.

diinfil
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Figure 7.15(a): Measured Intensity Levels as a Function of Distance from
a Loudspeaker Sound Source in a Reverberant Room (200 Hz)
Curve A: Intensity Calculated Using.Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method
Curve C: Theoretical Decay of Free-~Field Intensity
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Figure 7.15(b): Measured Intensity Levels as a Function of Distance from

a Loudspeaker Sound Source in a Reverberant Room (400 Hz)
Curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method
Curve C: Theoretical Decay of Free-Field Intensity
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' Figure 7.16(a): Measured Intensity Levels as a Function of Distance from
a Loudspeaker Sound Source in a Reverberant Room (800 Hz)
Curve A: Intensity Calculated Using Free-Field Pressure

i Curve B: Intensity Measured by the Cross-Spectral Method

Curve C: Theoretical Decay of Free-~-Field Intensity
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Figure 7.16(b): Measured Intensity Levels as a Function of Distance from
a Loudspeaker Sound Source in a Reverberant Room (1200 Hz)
Curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method !
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These intensity results using the cross—-spectral intensity device
were limited to the frequency range of 1600 Hz. With a two-microphone

v spacing of 13 mm, accurate measurements approaching the frequency range

v ) of 4000 Hz should be possible with the intensity meter, but as the
measurement frequency increases, the variance (random error) of the

fi intensity process increases when located in the more reverberant sound
|

field (this subject is discussed in more detail in the following text,

Section 7.3.2).
7.3.2 Variance and Coherence in the Reverberant Field

The estimation of the acoustic intensity in actual multiple

A reflective sound fields may be influenced by the variance of the
{ . measurement which depends on the measured coherence function between the
two closely-spaced microphone signais (theoretically presented in

Section 3.7 and in réference 58). The measured values of coherence can

be much lower than the expected value of one due to the resolution

. : bandwidth (B) of the spectral analysis relative to the density of the
‘ acoustic modes (m) in an enclosure (49). At the one extreme where the
resolution bandwidth includes numerous modes, the measured coherence

will tend to decrease with {increasing frequency. For the 1limiting

condition of an undamped acoustic enclosure and a measurement with a

bandwidth such that mB>>l, the true coherence function will approach the

form (49)

Y%ztf) = {Sin(kA!')/kAr}z . (7.13)
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which is identical to the coherence function for a diffused sound field.
At the other extreme where the resolution band includes a few modes, the
coherence function will tend to oscillate with changing frequency due to
the standing wave patterns in the enclosure.

Figure 7.17 displays the coherence function measured between the
two closely-spaced receivers used for the experimental investigation
pertaining to cross—spectral intensity results 1in a reverberation sound
field (Section 7.3.1). Figure 7.17(a) exhibits the measured coherence
function between the two receivers when located at a distance of 250 cm
from the sound source for a frequency range of 1600 Hz. Notice that the
coherence function was approximately equal to 1.0 for the lower
frequencies and began to deviate from the value 1.0 as the measurement
frequency increased. This predicted event was more prominent for the
frequency range of 4060 Hz (Figure 7.17(b))-. Also, the decrease of
coherence in both Figufe 7.17(a) and Figure 7.17(b) at the very low
frequencies (below 80 Hz) was due to background noise and 60 Hz ground-

loop problems in the measuring systems.

7.4 The Reactive Sound Field

The accuracy of sound power measurements normal to a radiating
surface with an intensity meter may be affected by a large reactive
component of the measuring-sound field. This reactive (non-radiating)
part of the complex intensity will intuititively become more significant
and unpredictable with a greater complexity c¢f source radation. If
there is the presence of a reactive sound field, ¢hen it {s necessary to
recognize the constraints, if any, added to the measurement of the real

acoustic intensity.
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Figure 7.17(a): The Measured Coherence Between the Two Microphones Used
for Cross=-Spectral Intensity Measurements at a Distance
of 250 cm from the Sound Source (1600 Hz Range)
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In the nearfield of a noise source, the resulting acoustic
intensity evaluated by the two-microphone method involves not only the
imaginary part of the cross-spectral density (formulated in Chapter 3)
but also a similar derivation of the reactive sound field. The
measurement of the reactive acoustic intensity using the two-microphone
method was recently described in a publication by Stanton and Beyer
(58), and the theory, pertaining to complex intensity measurements using
the cross—spectral method, was similarly developed in the work of Pascal
(46).
The reactive intensity expression was derived in Section 3.2

(Equation 3.21) and restated here as

, (7.14)

In(E) = [Gy(£) - G

f
1 )]/8wprr

which wutilizes the difference between the power spectral density

4 SH e b it A

functions (autospectra) of the two measuring microphone pressures. This

difference in the autospectra magnitude between the two measuring points
can be significant and may not be ignored when measuring the acoustic
intensity in the nearfield of a sound source. Also, a stronger reactive
sound field will wusually exist in the lower frequencies of the

measurements.

7.4.1 The Normalized Bias Error

The phase and gain-mismatch errors discussed in Chapter 5 and the
intensity probe obstacle effects examined in Chapter 6 will consequently
induce errors in the measurement of the reactive intensity. Also, the

finite-difference approximation will behave differently in the presence




127

of a strong reactive sound field (reviewed 1in Chapter 4 and analyzed in
the related literature (23,46,61)).

If it is assumed that Ar<<lmin, then any bias error of the reactive
intensity will be caused by instrumentation errors and scattering
effects of the intensity probe. Utilizing Equation 5.19, the normalized

bias error for the cross-spectral reactive intensity can be written as

& (£) = [E{Ip(£)} = I (£)] (7.15)
M I /1 (6
where
Im(F) = {Gy(£) = Gl(f)}/4ﬂprr (7.16)
I (E) = {Go(£) - Gy(f . )
IIM( ) {Gz( ) 1( )}/41Tprr (7.17)

Using the expressions for the true reactive intensity (7.9) and the
estimated reactive intensity (7.10), the normalized bias error for the

reactive intensity develops into the form

(£) = {(Co(£) = Gol(£)) = (Gy(E) = G1(£))} 7.18

by, @o6) = 63(0) = GO =GN0 oy 1)
with

6 (£) = ln (£)le (£) (7.19)

Gy(£) = IH (E)]Gy(E) . (7.20)

Notice that if [H_ (f)] = le(f)l = 1, then the normalized bias error

€ V(f) will be equal to zero, and there will be no bias of the

f\

measurment of the cross-spectral reactive intensity provided that the

finite-difference approximation is not appreciable.
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7.4.2 1Intensity Measurements Compared with Pressure Values in the

Nearfield

Assuming that the phase and magnitude differences between the two
microphone measuring systems has been corrected by calibration and the
scattering effects by the intensity probe are very minimal, the two-
microphone intensity technique should provide an accurate measurement of
the real (active) intensity as compared to the intensity calculated from
free-field pressure values when the sensor(s) are located in the
nearfield of a noise source.

To qualify the above deduction, the following experiment was
performed, and the results are shown in Figure 7.18. First, the
acoustic intensity at a point very close to a 10" diameter loudspeaker
sound source (at a distance of 5 cm) was measured using both the free-
field pressure method (Figure 7.18(a), Curve A) and the two-microphone
cross-spectral technique (Figure 7.18(a), Curve B). Then, the acoustic
intensity using both methods was measured at a 30 cm distance from the
loudspeaker. This was considered to be in the far-field but still in
the direct sound field (Figure 7.18(b)).

The results displayed in Figure 7.18(a) (the "nearfield" condition)
show that the acoustic intensity calculated from assumed free-field
pressure levels gave higher values than that of the cross—spectral
intensity method, but after making similar measurements at a greater
distance from the sound source (Figure 7.18(b)), the ﬁwo intensity
methods compared very favorably. Though not totally conclusive, these

experimental results suggest that the intensity values calculated from

the free~field pressure tend to be overestimated when very near the
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Figure 7.18(a): The Acoustic Intensity Measured in the Nearfield of a
Loudspeaker Sound Source (at a Distance of 5 cm)
Curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured Using the Cross-Spectral Method
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Figure 7.18(b): The Acoustic Intensity Measured in the Far-Field of a
Loudspeaker Sound Source (at a Distance of 30 cm)
Curve A: Intensity Calculated Using Free-Field Pressure
Curve B: Intensity Measured by the Cross-Spectral Method
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sound source while the two-microphone cross-spectral method gives
acceptable intensity values even in the nearfield of a noise source.
L.
. 1
1
3
I3




CHAPTER 8

CONCLUSIONS

8.1 Summary and Conclusions

The two-microphone cross~spectral method of measuring acoustic
intensity has proven to be a viable method of determining the sound
power of a noise source when 1located in-situ, and the technique
therefore provides a useful and practical alternative to traditional
methods of measuring the sound power of a noise source.

The two-microphone acoustic intensity device 1is considered to be a
sound receiver of the first-order having a dipole-type directional
characteristic. Because the intensity meter measures the acoustic power
flow, it has a definite advantage over the traditional pressure receiver
when quantifying a noise source in-situ. Due to its scalar nature, the
omni~directional microphone would be influenced significantly by the
reactive sound field, diffraction due to 1its own physical geometry,
other secondary (contaminating) sources, and the reverberant
environment. The two-microphone intensity meter provides a more
accurate sound power determination in-situ and because of 1its
directionality, allows additionally for an easier source identification.

The cross—-spectral intensity technique has limitations which must
be fully wunderstood before accepting the resdlts as absolute and
rigorous. There are four categories of bias errors related to the

intensity technique: (1) errors associated with the finite-difference

approximation; (2) errors due to the measuring instrumentation; (3)
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errors from the inﬁensity probe obstacle effects; and (4) errors
influenced by secondary sources and the measuring environment. This
work investigated experimentally these blas errors of the cross~spectral
method of measuring acoustic intensity, and the conclusions, along with
a brief summary, are now ptesente&.
(L The finite-difference error defines the high-frequency limitation
of the c¢ross—-spectral intensity technique and 1s associated with the
mathematical approximation of the acoustic intensity by finite-sum and
difference quantities from two separate pressure measurements. This
finite-difference error is a function of the separation distance between
the two microphones and the measurement distance from the source (a
proximity error), and these effects will be more substantial for the
more complex-radiating sound sources. In general, the finite-difference
error cannot be avoidgd,. and the only method of extending the upper
frequency range of the two-microphone intensity device is to decrease
the finite separation between the two sensors. Also, because the
in;ensity is proportional to the measured phase shift (in the direction
of wave propagation) between the two sound receivers, the relative phase
difference between the two microphone measuring systems will affect the
precision of the intensity measurement in the 1lower frequencies
(corresponding to a small phase shift) of operation.

If intensity measurements in the immediate vicinity of the sound
source are excluded, the expression for the bias error using plane-wave
or point monopole conditions g2ives an adequate indication of the
measurement accuracy. Using the above requisite and an error below 1.0

dB as the design criteria for the intensity measurements, the two-

ROV
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microphone iantensity device gives acceptable results .up to the 1/3
octave frequency band of 4000 Hz for a 13 mm separation distance between
the micropliones and 8000 Hz for a 6.5 mm separation distance.l
(2) The two microphone measuring systems (consisting of microphones and
the associated electronics) used to measure the cross-spectrum will
contain phase and magnitude differences which can induce errors in the

intensity measurements, and these instrumentation errors (particularly

the phase differences) define the low-frequency limitation of the cross-
spectral intensity technique. This relative phase shift between the two
microphone channels <can also significantly distort the expected

directional response of the intensity meter for low frequencies.

Typically, the phase and magnitude differences of the electronics

associated with the two measuring systems (the cathode followers, power
supplies, pre-amplifiers, and the FFT analyzer) are very minimal. The
most severe phase difference are usually contributed by the microphone
cartridges, and these phase differences occur in the low-frequency

region where phase errors between the two measuring systems are much

b A e O AR APt - U VTR T PR RS S

more critical.
These phase and magnitude differences between the two measuring

systems can be corrected by calibration. The calibration procedure of

e ey e ot g it -

this work and frequently used in the field is the calibration-transfer-
function method. The two common transfer-function methods to calibrate

for phase and magnitude-mismatch errors, the plane-wave duct method and

1 when wusing the two-microphone arrangement of this work, this

separation distance of 6.5 mm can be realized by employing 1/4"

microphones with corresponding 1/4" cathode followers.
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the dual-electrostatic acutator method, gave different results in the
critical low-frequency region. It was determined that the phase~
difference values measured by the dual—-actuator test were incorrect for
the lower test frequencies because the electrostatic actuator does not
apply an acoustic signal to the equalization vent of the measuring :j

. A microphones. Therefore, the plane-wave duct method provides the more i

xi accurate low-frequency acoustic intensity results. It should be noted f 1
‘; that the plane~-wave duct method has a high—~frequency limitation related %
to the radial modes of the duct, but practically, if the plane-wave duct
method is used only below the radigl mode cut-off frequency, this
A calibration procedure offers sufficient high-frequency correction of the
phase and magnitude differences between the two microphone measuring
{1 systems. In general, phase-matched microphones are the best sensors to
use for this type of cross-spectral operation, but even these
p microphones can have or develop low-frequencyvphasé differences which
must be corrected.
(3) ' The scattering of the sound field by the finite~size intensity
i‘ probe (consisting of both the microphones and their microphone holder)
can produce changes in the amplitude and phase between the two measuring }
microphones. These obstacle effects are very difficult to model
theoretically, and only an experimental evaluation of the etfors from
this scattering was investigated.

The intensity probe used for this work consisted of two B&K 1/2" or

1/4" microphones placed 1in parallel with their respective membranes in
one plane. This two-microphone arrangement is a very common and

ﬁl physically practical configuration for measuring the acoustic intensity

with two microphones.
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| The presented experimental evidence shows that this two-microphone
configuration causes errors in the measurement results due to the
scattering effects. These scattering effects are less with the smaller-
size microphones and the smallest separation distances between the two

measuring microphones. It was also found that the two-microphone holder

;4 produces noticeable distortions of the measured field, and therefore, it

et

is suggested that the physical size of the two-microphone holder be as
small as possible. In conclusion, when certain precautions are taken
B (i.e., wusing 1/4” microphones with a small separation distance on a

physically small holder), the scattering of sound by the intensity probe

A produces only a minimal amount of error in the cross—spectral intensity
measurements.
(4) Since the greatest advantage of the two-microphone intensity device
is the ability to determine the sound power of a noise source in-situ,
s : it is necessary to understand the errors created by the measuring
environment. This measuring acoustical. environment may include
secondary noise sources radiated by other machines which are not the
subject of the sound power determination. Also, reflections from the
room boundaries (the reverberant field) and/or by sound-reflecting )
surfaces 1in the vicinity of the measuring area can influence the
measuring environment.

It 1is shown that the cross-spectral intensity measurement of a
3 specific sound source at a given spacial point can be biased by an
uncorrelated contaminating source according to the ratio of the
secondary .source intensity to the primary source intensity. The

experimental results using a secondary source verifies the theoretical
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bias error prediction in which the contaminating sound source intensity
is considered to be a vector quantity which adds to or subtracts from
the primary source intensity measurement depending on the secondary

.f source intensity flow and position. Therefore, if the secondary source

vector intensity 1s equal but opposite the primary source intensity,

f{ then there would be total cancellation of the acoustic intensities at

Fis

(. "
4 oM

the measurement point.
The conclusions from the measured results using a secondary sound

source exhibit only the intensity measurement at one spacial location,

‘ar

"
t but when estimating the sound power of the primary source, the acoustic

power flow would be measured about a surface area enclosing only the
primary source thereby eliminating any bias (contribution) by the
| exterior secondary source(s). Therefore, the limitations in precision
of the'sound power determination in-situ would then relate to the number
of measurement points contained in the measuring envelop and the random,

not bias, error associated directly with the coherence magnitude between

the two closely~-spaced microphones influenced by the measuring

b ' environment.

Determining the sound power of a noise source in-situ may also

require that measurements be taken in semi-reverberant (reverberant)
conditions. In this situation, there 1is concern that the intensity
meaurements will be influenced by the presence of the reverberant sound
‘1 field. If the multiple reflected sound waves are considered to be
analogous to individual secondary sound sources, then the combined
intensities of the reflected sound waves exterior to the measuring
surface will be equal to a theoretical value of zero, and no bias of the

sound power measurement from the reverberant should occur.

}
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Acoustic intensity measurements conducted using the two-microphone

cross—-spectral method in a reverberant test environment provided results

v that closely correspond to the theoretical decay of intensity in a free- !

iy field situation. Therefore, it can be concluded that the cross—-spectral

‘ intensity device provides reliable measurements in both the free-field f
f% and reverberant conditions. Also, the coherence between the two
11 closely-spaced microphone signals decreased with increasing frequency é
3 which would indicate an increase in the variance of the intensity
measurement due to resolution limitations of the analysis related to the
density of acoustic modes in the enclosure. Therefore, even though the
;?; presence of perturbing noise (secondary sound sources and the
reverberant sound field) does not bias the sound power estimate via the
| . ] intensity meter, the contaminating noise may increase the random error
of the measurement.

Locating the two-microphone intensity device 1in the nearfield of a
sound source, the resulting acoustic intensity involves not only the
imaginary part of the cross-spectral density but also the difference

‘ between the autopectrums of the two microphone outputs. The nearfield f
intensity measurement is biased by the same errors (instrumentation
errors, obstacle effects of the intensity probe, and the finite-
difference error) which could adversely affect the measurement of the

’j ' active (real) acoustic intensity, but if the phase and gain mismatch is
v corrected by calibration and the acoustic scattering by the intensity
: probe is minimized, the finite~difference approximation is the major j
i contributor to any bias error of the cross-spectral intensity estimation

2 when placing the intensity meter in the nearfield of a noise source. i

3
L
3
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In general, when comparing the two-microphone cross—-spectral
intensity method to the measuring procedure wusing assumed free-field
(plane wave) sound pressure measurements for sound power determination
j in-situ, the intensity device has the advantage of suppressing the bias
error produced by a nearfield measurement of the noise source and

£ reducing the effect of the measuring eonvironment consisting of

,1 uncorrelated secondary sound sources, sound-reflecting surfaces, and the
! reverberant sound field. All of these acoustical conditions would give ]
rise to an overestimation of the sound power in-situ via sound pressure

measurements.

' 8.2 Final Comments and Recommendations for Future Study

[

iJ The two-microphone cross—spectral intensity meter is a very
proficient measuring device when determining and qualifying the sound
power of a noise source located in its natural operating acoustic
environment. With the rapid 1increase in the application of the cross-
spectral intensity instrument for noise measurement and identification,
. ' the user must be fully aware of its limitations in practical situations.
For example, the careful measurement of the phase differences between
the two microphone cartridges 1s essential for accuracy in the low-
frequency region of the analysis. Though there are methods to calibrate

| the phase and gain differences between the two measuring systems, the

g calibration techniques do have particular disadvantges, and it would be

1

useful to possess a more convenient and relieable calibration system

that would encompass the complete frequency range of application.
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The cross-spectral intensity procedure exhibits exceptional
accuracy even under the influence of background (exterior) noise and
semi-reverberant (reverberant) conditions, but when the secondary
perturbing sound field.is excessive, the random error of the intensity
measurement can be substantially increased. Therefore, it would be
extremely useful and strongly recommended that there be additional
experimental examination into the variance of the measuring procedure
when the coherence between the two closely-spaced receivers deviates
from the required value of one. Also, there 1is neither adequate
theoretical modeling or empirical information pertaining to the finite
number of intensity receiver positions, over the measuring surface,
necessary for acceptable sound power results of a noise source in-situ,
especially under less than ideal measuring conditions.

The two-microphone cross—spectral method of measuring acoustic
intensity will soon become a standard t9ol for sound power measurements
and noise source identification. The two-microphone cross—spectral
process has also been succegsfully applied to other quantitative
measurements of acoustics such as transmission loss and sound absorption
where intensity is needed to characterized the acoustic properties.
Also, the data acquisition time required to perform these acoustic

measurements is reduced substantially.
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